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Description 

BACKGROUND OF THE INVENTION 

[0001] The present invention relates to a waveform 
signal generation method, a waveform signal genera- 
tion apparatus and a storage medium used for an appa- 
ratus generating a musical tone signal such as an elec- 
tronic instrument a portable phone, an amusement ma- 
chine and others. In particular, the present invention re- 
lates to a waveform signal generation method, a wave- 
form signal generation apparatus and a storage medium 
which are preferable for use in a compact device among 
these devices. 

[0002] In an electronic instrument, a portable phone, 
an amusement machine and others, a musical tone sig- 
nal is sounded through a built-in or external electro- 
acoustic converter (speaker and the like). Here, a range 
of sounds which can be converted has a predetermined 
limit. In particular, as to a low note, only sounds above 
a lowest frequency (which will be referred to as a "lowest 
frequency" or a "reproducible lowest frequency" herein- 
after) specified by a lowest resonance frequency of the 
electro-acoustic converter can be sounded, 
[0003] In order to solve this problem, there Is known 
a technique for generating a "pseudo low tone". This is 
a technique utilizing an illusion of human sense such 
that generating audio signals having given two frequen- 
cies enables 

a human to hear a signal corresponding the greatest 
common factor of these frequencies. For example, in or- 
der to generate the "pseudo low tone" having 1 00 Hz by 
a speaker which cannot output an audio signal having 
100 Hz, generation of two frequencies whose greatest 
common factor is 1 00 Hz, for example, "200 Hz and 300 
Hz", "300 Hz and 400 Hz" and others can suffice. 
[0004] For example, U.S. patent No. 5930373 disclos- 
es a pseudo LFPS reproducing device comprising a sig- 
nal processing, amplifying, and sound reproducing 
chain which operates on a preexisting audio signal of 
an unknown musical pitch which requires determination 
of the fundamental frequency . According to this tech- 
nique, in digital audio signals sequentially supplied, fil- 
tering process is applied to components which cannot 
be reproduced by the speaker, and a frequency compo- 
nent which is twofold, threefold, ... of these frequency 
components is generated by passing the filtered audio 
signal through non-linear elements. The thus generated 
frequency components and the original audio signal are 
mixed with each other to be sounded through the speak- 
er. 

SUMMARY OF THE INVENTION 

[0005] In view of the above-described problems. It is 
an object of the present invention to provide a waveform 
signal generation method, a waveform signal genera- 
tion apparatus and a storage medium for generating a 



pseudo low tone without the necessity of a cumbersome 
determination of the fundamental frequency of a preex- 
isting signal which is prone to error. It is another object 
of the present invention to provide an audio signal gen- 
5 eration method, an audio signal generation apparatus 
and a storage medium capable of generating a pseudo 
low tone in a natural state. 

[0006] In order to solve the above-described prob- 
lems, the present invention comprises the following 

10 structure. Namely, there is provided a method of gener- 
ating wavefomn signals from a plurality of channels to 
sound a music tone through an electro-acoustic convert- 
er in response to sounding instruction information. The 
inventive method is carried out by a receipt process of 

15 receiving the sounding instruction information contain- 
ing a designated pitch effective to specify a pitch of the 
music tone, a determination process of determining 
whether or not the designated pitch is lower than a crit- 
ical pitch which is predetermined in association with the 

20 electro-acoustic converter, a first generation process of 
generating a first waveform signal containing a funda- 
mental tone corresponding to the designated pitch at 
least when the determination process determines that 
the designated pitch is not lower than the critical pitch, 

25 and a second generation process of generating a sec- 
ond wavefonn signal containing at least two overtones 
which are multiples of the fundamental tone and higher 
than the critical pitch, only when the determination proc- 
ess determines that the designated pitch is lower than 

30 the critical pitch, thereby the second waveform signal 
providing a pseudo low tone below the critical pitch. 
[0007] Preferably, the first generation process gener- 
ates the first waveform signal from a first channel even 
when the determination process determines that the 

35 designated pitch is lower than the critical pitch, and con- 
currently the second generation process generates the 
second waveform signal from a second channel differ- 
ent than the first channel, so that the first waveform sig- 
nal and the second waveform signal are mixed with each 

40 other to provide the music tone containing the pseudo 
low tone. 

[0008] Preferably, the first generation process gener- 
ates the first waveform signal by reading out first 
prestored waveform data and the second generation 

45 process generates the second waveform signal by read- 
ing out second prestored waveform data, the method 
further comprising a mix process of mixing the first 
waveform signal and the second waveform signal with 
each other when the determination process determines 

so that the designated pitch is lower than the critical pitch, 
thereby providing the music tone containing the pseudo 
low tone. 

[0009] Preferably, the first generation process does 
not generate the first waveform signal when the deter- 
55 mination process determines that the designated pitch 
is lower than the critical pitch, while the second gener- 
ation process generates the second waveform signal 
containing the first waveform signal as well as the over- 
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tones, thereby providing the nnusic tone containing the 
pseudo low tone. 

[001 0] Preferably, the first generation process gener- 
ates the first waveform signal by reading out first wave- 
form data which is prestored and the second generation 
process generates the second waveform signal by read- 
ing out second wavefomn data which Is a mixture of the 
first waveform data and additional waveform data cor- 
responding to the overtones. 
[0011] Preferably, the first generation process gener- 
ates the first waveform signal according to a waveform 
generation algorithm constituted by a plurality of opera- 
tors, and the second generation process generates the 
second waveform signal according to another waveform 
generation algorithm constituted by a plurality of opera- 
tors, the second generation process generating the 
overtones through a parallel connections of the opera- 
tors assigned to the respective ones of the overtones. 
In such a case, the first generation process generates 
the first waveform signal by using operators belonging 
to a first channel, and the second generation process 
generates the second waveform signal by using opera- 
tors belonging to a second channel different than the 
first channel. 

[0012] Preferably, the inventive method further in- 
cludes a coefficient generation process of generating a 
coefficient when the determination process determines 
that the designated pitch is lower than the critical pitch, 
such that the coefficient gradually decreases as a fre- 
quency of the second waveform signal increases and 
the pitch of the music tone rises; and a control process 
of controlling a level of the second waveform signal ac- 
cording to the generated coefficient. 
[0013] Preferably, the inventive method further in- 
cludes an allocation process of allocating a channel to 
the second waveform generation process among the 
plurality of the channels and setting the allocated chan- 
nel with tone generation parameters corresponding to 
the first waveform signal, and an output process of com- 
manding the allocated channel to generate the second 
waveform signal concurrently with the first waveform 
signal In response to the sounding instruction informa- 
tion. 

BRIEF DESCRIPTION OF THE DRAWINGS 
[0014] 

FIG. 1 is a hardware block diagram of a musical 
tone synthesis system of a first embodiment ac- 
cording to the present invention. 
FIG. 2 shows flowcharts of a note-on-event 
processing routine and a usual sounding control 
subroutine. 

FIG. 3 is a block diagram showing details of wave- 
form data generation processing in the first embod- 
iment. 

FIG. 4 is a block diagram showing details of wave- 



form data analysis processing in the first embodi- 
ment. 

FIG. 5 is a view showing an equal loudness contour 
FIG. 6 is a view showing a waveform component 

5 analysis result. 

FIG. 7 is an envelope conversion characteristic 
view in the first embodiment. 
FIG. 8 is a flowchart of a sounding control routine 
with a pseudo low tone in the first embodiment. 

10 FIG. 9 is a view showing an example of a sound 
volume envelope in the first embodiment. 
FIG. 10 is a block diagram showing a primary part 
of waveform data generation processing in a sec- 
ond embodiment. 

IS FIG. 11 is a flowchart of a sounding control routine 
with a pseudo low tone in the second embodiment. 
FIG. 1 2 Is flowcharts of a control routine in third and 
fourth embodiments. 

FIG. 13 is block diagrams of algorithms in the third 

20 and fourth embodiments. 

FIG. 14 is a hardware block diagram of a musical 
tone synthesis system of a fifth embodiment ac- 
cording to the present invention. 
FIG. 1 5 is a block diagram showing details of wave- 

25 form data generation processing in the fifth embod- 
iment. 

FIG. 16 is a diagram showing tone volume coeffi- 
cient characteristics of the embodiments. 
FIG. 17 shows flowcharts of a note-on-event 
30 processing routine and a usual sounding control 
subroutine. 

FIG. 1 8 is a flowchart of a sounding control routine 

with a pseudo low tone in the fifth embodiment. 

FIG. 19 is a block diagram showing a primary part 
35 of wavefomn data generation processing in a sixth 
' embodiment. 

FIG. 20 is a flowchart of a sounding control routine 

with a pseudo low tone in the sixth embodiment. 

FIG. 21 is flowcharts of a control routine in seventh 
^0 and eighth embodiments. 

FIG. 22 is a block diagram showing a sound source 

of a ninth embodiment. 

DETAILED DESCRIPTION OF THE EMBODIMENT 

45 

1. First Embodiment 

1.1. Principle of Embodiment 

50 1.1.1. Analysis of Components of Waveform 

[001 5] In this embodiment, since musical tone wave- 
forms is separated into a "periodic component" and a 
"noise component" the detail of these components will 
55 be explained. Subjecting the musical tone waveform of 
a natural instrument to FFT (fast Fourier transformation) 
analysis, the frequency components of this musical tone 
waveform can be separated into a frequency compo- 
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nent which is continuous on a time axis and a frequency 
component which is intemiittent on the time axis. When 
the waveform synthesis is carried out based on the 
former frequency component, a "periodic component" 
of the musical tone waveform can be obtained. Further, s 
when the waveform synthesis is pertonmed based on the 
latter frequency component, a 'noise component' of the 
musical tone waveform can be obtained. 
[0016] FIG. 6 shows one example thereof. FIG. 6(a) 
shows a musical tone wavefomi (original waveform) of 
a saxophone. FIG. 6(b) shows its periodic component, 
and FIG. 6(c) shows its noise component. As apparent 
from these drawings, the noise component has an Inter- 
val in which a large amplitude level is attained being 
short, and it is often the case that the noise component 
is dispersed in a wider frequency range than the periodic 
component of the musical tone signal. Therefore, the 
performance of an electo-acoustic converter rarely be- 
comes a matter, and it can be understood that only the 
pseudo low tone should be generated for only the peri- 
odic component according to needs. 

1 .1 .2. Equal Loudness Contour 

[0017] Even though a sound pressure level is fixed, 
different frequencies cause the sound to be heard as if 
a sound volume sense is changed with a human acous- 
tic sense. Thus, when a sound pressure level curve is 
drawn on a graph having a horizontal axis representing 
a frequency and a vertical axis representing a sound 
pressure level such that the equal sound volume (loud- 
ness) points are connected, the characteristics as 
shown in FIG. 5(a) and (b) can be obtained. These char- 
acteristics are referred to as an "equal loudness con- 
tour". FIG. 5(a) is called a "Fletcher & Manson's equal 
loudness contour" and relatively old. FIG. 5(b) is called 
a "Robinson & Dodson's equal loudness contour" and 
relatively new. This is also adopted in ISO. 

1 .2. Hardware Structure of Embodiment 

[001 8] A hardware structure of a musical tone synthe- 
sis system according to a first embodiment of the 
present invention will now be described with reference 
to FIG. 1 . It is to be noted that the hardware of this em- 
bodiment is constituted by a general purpose personal 
computer. In FIG. 1 , reference numeral 2 denotes a hard 
disk for storing an operating system, an application pro- 
gram for the musical tone synthesis system, waveform 
data and other various kinds of data. Reference numeral 
4 designates a removable disk such as a CD-ROM or a 
DVD-RAM for storing information similar to those in the 
hard disk 2. Reference numeral 6 represents a display 
unit for display various kinds of information to a user. 
[0019] Reference numeral 8 denotes an input device 
constituted by a keyboard, a mouse, a keyset and oth- 
ers, through which various types of information is input- 
ted by a user. Reference numeral 1 0 designates a sound 



board constituted by a waveform memory type sound 
source for generating a musical tone signal based on 
supplied performance infomnation and an AD converter 
for sampling an externally inputted analog signal. The 
musical tone signal generated by the sound source in 
the sound board 1 0 is sounded through a sound system 
12. It is to be noted that the sound system 12 is consti- 
tuted by an amplifier and an electo-acoustic converter. 
A speaker, a headphone and the like can be selected 
as the electo-acoustic converter, and they have different 
conversion characteristics. 

[0020] Reference numeral 1 6 represents a MIDI inter- 
face which transmits/receives a MIDI signal to/from an 
external MIDI device. Reference numeral 18 denotes a 
timer for generating an interruption request at predeter- 
mined time intervals. Reference numeral 20 designates 
a CPU for controlling each portion of the musical tone 
synthesis system through a bus 14 based on a later- 
described control program. Reference numeral 22 rep- 
resents a ROM for storing therein an initial program 
loader and others. Reference numeral 24 denotes a 
RAM used as a work memory of the CPU 20. 

1 .3. Operation of Embodiment 

1 .3.1 . Waveform Data Generation Processing 

[0021] The operating system is booted on the person- 
al computer, and the application program for a waveform 
analysis/synthesis system is activated. Thereafter, 
when a user carries out a predetermined operation, 
waveform data generation processing is executed. This 
processing will now be explained in detail with reference 
to FIG. 3. It is to be noted that FIG. 3 is a functional block 
diagram showing the substance of a processing pro- 
gram executed in the CPU 20. 
[0022] In the drawing, reference numeral 30 denotes 
original waveform data such as a recorded waveform of 
a musical tone of a natural instrument, and this data is 
externally inputted through the sound board 10 or the 
removable disk 4 and the like. Reference numeral 40 
designates a wavefomn analysis portion for classifying 
frequency components of the original waveform data 30 
into a component continuous on the time axis (detemnin- 
istic frequency component) and other fragmentary com- 
ponents (noise components). Here, the detail of the 
waveform analysis portion 40 will be explained with ref- 
erence to FIG. 4. Reference numeral 42 denotes an FFT 
analysis processing portion in the waveform analysis 
portion 40, and the FFT analysis processing is carried 
out with respect to the original waveform data 30. Here, 
a windowing function whose length is eightfold of a pitch 
cycle of the original waveform data 30 Is first applied to 
the original waveform data 30, and the frequency com- 
ponent is analyzed in a range of the windowing function. 
[0023] A position of the windowing function is then 
shifted rearwards by only 1/8 of the pitch cycle on the 
time axis and the frequency component is similarly an- 
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alyzed. When this processing is repeated with respect 
to the entire original waveform data, a change in the fre- 
quency component on the time axis can be obtained. 
Reference numeral 44 designates a continuous compo- 
nent separation portion for separating a component con- 5 
tinuous on the time axis from a series of frequency com- 
ponents. The separated component is outputted as a 
deterministic frequency component 32 and supplied to 
the synthesis portion 46. In the synthesis portion 46, de- 
terministic waveform data is synthesized based on the io 
deterministic frequency component 32. Reference nu- 
meral 48 represents a subtraction portion for subtracting 
the deterministic waveform data from the original wave- 
form data 30. A result of this subtraction is outputted as 
noise component waveform data 34. '5 
[0024] Again referring to FIG. 3, reference numeral 54 
denotes attack & loop infonmation which is set while re- 
ferring to the original waveform data 30 by a user. Alter- 
natively, this information may be automatically set by us- 
ing a result of the waveform analysis and the like in ac- 20 
cordance with designation by a user. The content of the 
attack & loop Infomnation includes a length of an attack 
section which is read only once at the beginning of 
waveform reproduction, a length of a loop section which 
is repeatedly read after the length of the attach section. 25 
Reference numeral 36 designates a waveform synthe- 
sis portion for synthesizing waveform data of the attack 
section and the loop section based on the deterministic 
frequency component 32, the noise component wave- 
form data 34, and the attack & loop information 54. The 30 
synthesized waveform data is usually stored as musical 
tone waveform data 38 In the hard disk 2 and the like. 
[0025] Here, the outline of the synthesis processing 
in the waveform synthesis portion 36 is described. The 
attack & loop information 54 is first used to determine 35 
an attack start address indicative of a top of the attack 
section, and a loop start address and a loop end address 
indicative of a top and an end of the loop section. 
[0026] Subsequently, from the deterministic frequen- 
cy components of the loop section, a component having ^ 
a value close to the loop start phase at the loop end is 
selected. The selected component is corrected in such 
a manner that the phase at the loop end Is matched with 
the phase at the loop start. Incidentally, if the loop is a 
long loop (loop size which is not less than several hun- 45 
dred milliseconds), a component having a value which 
is not close to the loop start phase at the loop end (non- 
overtone component) may be also selected and correct- 
ed. Then, sine wave synthesis is carried out based on 
the corrected frequency component, arid the waveform so 
data of the loop section is generated. 
[0027] A component which has not been used for the 
loop section among the deterministic frequency compo- 
nents of the attack section is then processed in such a 
manner that this component gradually faded out from 55 
the middle of the attack section to the end of the attack 
section, and the sine wave synthesis is executed based 
on the processed deterministic frequency components, 



thereby generating the waveform data of the attack sec- 
tion. Further, a sound volume of the noise component 
wavefonm data 34 is controlled meanwhile, and this is 
mixed in the attack section and the loop section. 
[0028] The thus created waveform data of the attack 
section and the loop section has a waveform which is 
very similar to that of the original wavefonm data 30 and 
has good connections from the attack section to the loop 
section and from the loop end to the loop start. 
[0029] Furthermore, reference numeral 60 desig- 
nates a pseudo low tone synthesis portion for generat- 
ing pseudo low tone waveform data 52 based on the 
lowest frequency data 50 indicative of a lowest frequen- 
cy of the sound system 12, the deterministic frequency 
component 32 and the attack & loop information 54. 
Here, the lowest frequency data 50 may be one or a plu- 
rality of sets of preset frequencies or a frequency which 
can be arbitrarily set by a user utilizing an operator. Ref- 
erence numeral 67 represents an extraction portion in 
the pseudo low tone synthesis portion 60 for extracting 
a frequency component which is not more than the low- 
est frequency or critical frequency from the detemninistic 
frequency components 32. Reference numeral 62 de-^ 
notes a overtone generation portion for generating a plu- 
rality of overtone components beyond the lowest fre- 
quency with respect to each extracted frequency com- 
ponent. Here, a frequency of the extracted frequency 
component fluctuates in time, and a frequency of the 
generated overtone components also fluctuates in ac- 
cordance with that fluctuation. 
[0030] If the lowest frequency is, for example, 1 20 Hz, 
the overtone components which are at least twofold and 
threefold of the frequency component of 60 < f ^ 120 
Hz in the deterministic frequency components 32 is gen- 
erated. Similariy, the overtone components which are at 
least threefold and fourfold of the frequency component 
of 40 < f ^ 40 Hz is generated, and the overtone com- 
ponents which are at (east fourfold and fivefold of the 
frequency component of 30 < f ^ 40 Hz is produced. 
[0031] Reference numeral 68 denotes an envelope 
conversion portion for outputting an envelope of each 
overtone component in such a manner that the sound 
volume (loudness) of the pseudo low tone generated by 
each overtone component matches with the subjective 
sound volume of the original frequency component. Its 
content will now be described with reference to FIG. 7. 
At first, according to the equal loudness contours shown 
in FIGs. 5(a) and (b), it can be understood that a level 
of the overtone components must be reduced and a 
range of changes in the level must be increased in order 
to generate, in the overtone component (for example, 
200 Hz and 300 Hz), the same sound volume sense as 
that in a low tone range (for example, 100 Hz). 
[0032] If an envelope level of the extracted original 
frequency component is indicated by a characteristic A 
in FIG. 7, the envelope converter 68 converts this level 
into a level such as Indicated by a characteristic B in 
FIG. 7 to be outputted as an envelope level of the over- 
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tone component. In the low tone range of the equal loud- 
ness contour in FIGs. 5(a) and (b), the sound pressure 
level of the equal loudness lowers 10 to 15 dB every 
time the frequency is doubled in each figure. Therefore, 
a level L1 in FIG. 7 is set to "1 0 to 1 5 dB x predetermined 
multiple"..Furthennnore, the magnitude of a change in the 
sound pressure level where a change in loudness be- 
comes equal is approximately 1 .4-fold in "Fletcher & 
Manson" and approximately 1.1 -fold In "Robinson & 
Dodson" every time the frequency is doubled. Thus, a 
level ratio L3/L2 in the drawing is set to approximately 
"1 .1 to 1 .4 x multiple factor". 

[0033] Again referring to FIG. 3, reference numeral 64 
designates an amplitude control portion for multiplying 
each overtone component outputted from the overtone 
generation portion 62 by an envelope level outputted 
from the envelope conversion portion 68. Reference nu- 
meral 66 represents a multiple-wavefonm mixing portion 
for mixing each overtone component to which the enve- 
lope has been applied. A result of this mixing is stored 
as the pseudo low tone waveform data 52 In the hard 
disk 2. The usual musical tone waveform data 38 gen- 
erated in the above-described manner and the corre- 
sponding pseudo low tone waveform data 52 are trans- 
ferred to a waveform memory in the sound board 1 0 as 
waveform data of a music tone defined by a user when 
the user performs a predetermined operation. 
[0034] For the meantime, in general, the different usu- 
al musical tone waveform data 38 is stored in the wave- 
form memory type sound source in accordance with 
each tone range of each timbre (waveform data may be 
commonly used among timbres and tone ranges). In this 
embodiment, for only the usual musical tone waveform 
data In which the fundamental wave component in the 
Included deterministic frequency components is not 
more than the lowest frequency, the corresponding 
pseudo low tone waveform data 52 Is stored in the wave- 
form memory. Basically, storing the pseudo low tone 
waveform data with the usual musical tone waveform 
data 38 in one-to-one correspondence can suffice, but 
it is not necessary to store them in this way. In some 
cases, a plurality of sets of pseudo low tone wavefomri 
data may be stored with respect to one set of usual mu- 
sical tone waveform data, or one set of pseudo low tone 
waveform data may be stored for a plurality of sets of 
usual musical tone waveform data. A desired pitch is 
realized by reading the usual musical tone wavefonn da- 
ta 38 stored in the waveform memory at a speed based 
on an F number when forming the musical tone signal. 
Then, in this embodiment, a low frequency component 
which actually becomes irreproducible by the capability 
of the sound system 1 2 in the frequency components of 
the usual musical tone waveform data 38 varies In ac- 
cordance with the F number. In this embodiment, there- 
fore, a plurality of sets of pseudo low tone waveform da- 
ta 52 are generated in accordance with each tone range. 
[0035] For the above-mentioned reason, in this em- 
bodiment, the note range to which one set of the pseudo 



low tone waveform data 52 is applied has an inclination 
to be narrower than the tone range to which one set of 
the usual musical tone waveform data 38 is applied, and 
a number of sets of pseudo low tone waveform data 52 
5 tend to Increase. The memory region occupied by the 
pseudo low tone waveform data 52 can be extremely 
smaller than that of the usual musical tone waveform 
data 38 by suppressing the sampling frequency. De- 
scription will be given as to this reason, 
10 [0036] At first, a general audio consumer appliance 
has a sampling frequency of the musical tone waveform 
which is approximately 32 to 48 kHz. That is because 
the upper limit of the reproduction frequency is set to 
approximately 15 to 20 kHz. On the other hand, as to 
15 the pseudo low tone waveform data 52, since It is good 
enough that the upper limit of the reproduction frequen- 
cy Is approximately 2 kHz (although It depends on the 
lowest frequency data 50), thereby assuring that the 
sampling frequency of approximately 5 1 1 0 kHz can suf- 
20 fice. Thus, a data quantity of one set of pseudo low tone 
waveform data 52 can be suppressed to approximately 
one/several dividends to one/dozen dividends of one set 
of the usual musical tone waveform data 38. Incidental- 
ly, when applying such a low sampling frequency, adop- 
ts tion of accurate interpolation between sampling points 
such as "eight-point interpolation" is preferable. 

1 .3.2. Waveform Synthesis Processing 

30 [0037] After the waveform data is created as de- 
scribed above, when a MIDI event is inputted through 
the input device 8 or the MIDI interface 16, the musical 
tone waveform is synthesized In the sound source by 
controlling the waveform memory type sound source in 

35 the sound board 1 0 based on this input. Further, in case 
of reproducing an SMF (standard MIDI format) file sup- 
plied through the removable disk 4 and the like, the mu- 
sical tone waveform is synthesized based on music 
event Information. The details of this sound source con- 

40 trol processing will now be described with reference to 
FIG. 2. 

(1 ) When Pseudo low tone Effect is OFF 

45 [0038] At first, when a note on event is generated, a 
note-on-event processing routine shown in FIG. 2(a) is 
activated. When the processing advances to the step 
SP2 in the drawing, a part number substitutes for a var- 
iable PT; a note number, for a variable NN; and a veloc- 

50 ity, for a variable VEL. Then, when the processing ad- 
vances to the step SP4, determination is made as to a 
flag PLE is "1 It is to be noted that the flag PLE is a 
flag indicative of the on/off state of the pseudo low tone 
effect, and "1" indicates ON while "0" Indicates OFF In- 

55 cidentally, a value of the flag PLE can be switched any 
time by performing a predetermined operation by a user. 
[0039] If the flag PLE is "0", it is detemnlned as "NO", 
and the processing proceeds to the step SP10. Here, 
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an usual sounding control subroutine shown in FIG. 2 
(b) is called. When the processing advances to the step 
SP22 in the flowchart, one vocalization channel is allo- 
cated in the sound source in the sound t)oard 10. A 
channel number of the allocated vocalization channel Is 
determined as a1 . 

[0040] Subsequently, when the processing proceeds 
to the step SP24, musical tone parameters according to 
the timbre TC (PT) corresponding to the part number 
PT, the note number NN and the velocity VEL are set 
with respect to the channel number a1 in the sound 
source. Here, as the sound tone parameters, there are 
the following types. 

(1 ) Address information of the usual musical tone 
waveform data (selected waveform data) corresponding 
to the note number NN among a plurality of sets of usual 
musical tone waveform data corresponding to the timbre 
TC (PT) stored in the waveform memory. 

[0041] Since the usual musical tone waveform data 
38 is constituted by the attack section and the loop sec- 
tion, their start and end addresses must be set. Howev- 
er, the usual musical tone waveform data 38 is consti- 
tuted by only the loop section or only the one-shot wave- 
fonm data depending on the timbre TC (PT) in some cas- 
es. Moreover, the waveform data which differ in accord- 
ance with each range of the velocity VEL may be applied 
in some cases. 

(2) The F number corresponding to the note 
number NN. 

[0042] With respect to the usual musical tone wave- 
form data 38, an original pitch OP is set in accordance 
with each set of waveform data. When the note number 
NN is designated, a speed of advancing a read address 
of the usual musical tone waveform data 38, i.e., the F 
number is determined in accordance with a difference 
between the original pitch OP of the selected waveform 
data and the note number NN, and the sampling fre- 
quency of the waveform data. 

(3) A sound volume envelope parameter. 

[0043] When the timbre TC (PT), the velocity VEL and 
the note number NN are specified, a sound volume en- 
velope parameter for specifying a sound volume enve- 
lope is determined in accordance with these members. 

(4) Other parameters. 

[0044] Besides, a tone filter parameter, a pitch mod- 
ulation parameter, an amplitude modulation parameter 
and others corresponding to the timbre TC (PT), the 
note number NN and the velocity VEL are appropriately 
set. 

[0045] Subsequently, when the processing proceeds 



to the step SP26, initiation of vocalization is commanded 
with respect to the channel number a1 of the sound 
source. Then, the processing for the note on event is 
completed. Thereafter, in the sound source of the sound 
5 board 1 0, the usual musical tone waveform data 38 is 
read at a speed corresponding to the note number NN, 
filtering processing according to the tone filter parame- 
ter and time-variable processing of the sound volume 
according to the sound volume envelope parameter are 
carried out, thereby sequentially generating the musical 
tone signal relating to the channel number a1 without 
including the pseudo low tone. Then, the musical tone 
signal Is sounded through the sound system 1 2. Even if 
a frequency component not more than the lowest fre- 
quency Is included in this musical tone signal, this com- 
ponent is not reproduced by the sound system 1 2, and 
a user cannot hear the sound of this component. 

(2) When Pseudo low tone Effect Is ON 

[0046] If the note on event occurs while the pseudo 
low tone effect is in the ON state (flag PLE = 1), the 
processing proceeds to the step SP6 through the steps 
SP2 and SP4. Here, determination Is made as to the 
pseudo low tone waveform should be generated, name- 
ly, whether a periodic component in a low-tone range 
which is irreproducible in the sound system 1 2 exists on 
the timbre TC (PT) and the note number NN. Inciden- 
tally, even if the note number NN is specified, since its 
fundamental frequency may be deviated in units of oc- 
taves in some cases, the timbre TC (PT) is added to 
make determination. 

[0047] For example, It is assumed that the reproduc- 
ible lowest frequency is 120 Hz and the note number 
corresponds to the fundamental frequency as It stands 
(no deviation of octaves). Here, If a reference pitch is 
A4 = 440 Hz, there can be obtained A2 = 110 Hz, A#2 
= 116.54 Hz and B2 = 123.471 Hz, and It can be hence 
understood that the pseudo low tone waveform should 
be generated when the pitch is not more than A#2. 
[0048] Subsequently, when the processing advances 
to the step SP8, the processing branches in accordance 
with the result of determination in the step SP8. At first, 
when It Is determined that "the pseudo low tone wave- 
form should not be generated (note number is not less 
than 82)", the processing proceeds to the step SP10. 
As a result, the usual sounding control subroutine (FIG. 
2(b)) is called as similar to the case where the pseudo 
low tone effect is In the off state. Therefore, the vocali- 
zation channel for one channel is allocated to the note 
on event, and the musical tone signal based on the usual 
musical tone waveform data 38 is sequentially produced 
In that vocalization channel. 

[0049] On the other hand, if "YES" is determined in 
the step SP8, the processing advances to the step 
SP12. Here, the sounding control routine with the pseu- 
do low tone shown in FIG. 8 is called. When the process- 
ing proceeds to the step SP32 in the flowchart, two vo- 
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calization channels are allocated in the sound source of 
the sound board 1 0. Channel numbers of the allocated 
vocalization channels are determined as a1 and a2. 
[0050] Subsequently, when the processing advances 
to the step SP34, musical tone parameters according to 
the timbre TC (PT) coitesponding to the part number 
FT, the note number NN and the velocity VEL are set 
with respect to the channel number a1 in the sound 
source. The detail of the processing is similar to that in 
the above-mentioned step SP24. Then, when the 
processing proceeds to the step SPSS, pseudo low tone 
parameters are set to the channel number a2 in accord- 
ance with the musical tone signal produced in the chan- 
nel number a1 . 

[0051] Here, as the musical tone parameters set for 
the pseudo low tone, there are the following types. 

(1 ) Address information of the pseudo low tone 
waveform data 52 (selected pseudo low tone wavefomri 
data) corresponding to the usual musical tone waveform 
data 38 selected in the step SP34. 

(2) An F number of the pseudo low tone waveform 
data corresponding to the note number NN. 

[0052] The F number for the pseudo low tone wave- 
form data 52 is determined by the procedure similar to 
that of the F number for the usual musical tone wave- 
form data 38. That is, the F number of the pseudo low 
tone waveform data is determined in accordance with a 
difference between the original pitch OP of the pseudo 
low tone waveform data and the note number, and the 
sampling frequency of the pseudo low tone waveform 
data. Here, the original pitch OP of the pseudo low tone 
waveform data has the same value as the original pitch 
OP of the corresponding usual musical tone waveform 
data (wavefonm data reproduced by the channel number 
a1). Therefore, the F number of the pseudo low tone 
waveform data has a predetermined proportionality re- 
lation with respect to the F number of the usual musical 
tone waveform data (however, the sampling frequencies 
are different from each other). Consequently, in the 
channel number a2, it is possible to obtain a pseudo low 
tone having the pitch and the time axis completely syn- 
chronized with the musical tone signal generated by the 
channel number a1 . 

(3) Asound volume envelope of a pseudo low tone 
according to a sound volume envelope of the channel 
number a1 . 

[0053] As described in conjunction with FIG. 7, a 
sound volume envelope of a pseudo low tone (charac- 
teristic B) is different from a sound volume envelope of 
the original waveform (characteristic A). Therefore, the 
sound volume envelope of the channel number a1 is 
transformed to set a sound volume envelope for the 
pseudo low tone. 



[0054] However, waveform data having the varying 
sound volume envelope is stored in the attack section 
each of the usual musical tone waveform data 38 and 
the pseudo low tone waveform data 52. Accordingly, in 

5 each channel of the wavefonm memory type sound 
source, a change in time of the sound volume does not 
have to be added to the attack section, and the sound 
volume envelope parameter for specifying a flat sound 
volume envelope of the attack section is set. FIG. 9 

10 shows examples of the sound volume envelope for the 
usual musical tone wavefomn data 38 given by the chan- 
nel number a1 (characteristic A') and the sound volume 
envelope for the pseudo low tone waveform data 52 giv- 
en by the channel number a2 (characteristic B'). 

15 [0055] Each sound volume envelope conforms to the 
relationship of the equal loudness described in conjunc- 
tion with FIG. 7, and it starts to change when the wave- 
form data reproduced by each channel enters from the 
attack section to the loop section. In a flat portion, since 

20 the loudness of the frequency component not more than 
the lowest frequency included in the usual musical tone 
wavefonm data 38 to be reproduced is substantially 
matched with the loudness of the pseudo low tone wave- 
form data, it is set that the level of the characteristic B' 

25 is lower than the level of the characteristic A'. Further, 
in the loop section, since the quantity of loudness 
change of the component not more than the lowest fre- 
quency included in the loop section of the usual musical 
tone waveform data to be reproduced is substantially 

30 matched with the quantity of loudness change of the 
loop section of the pseudo low tone waveform data, it is 
set that the inclination of the characteristic B' is steeper 
than that of the characteristic A'. As a result, in the chan- 
nel number a2, it is possible to obtain the pseudo low 

35 tone wavefonn in which the loudness characteristic fol- 
lows with respect to the component not more than the 
lowest frequency included in the musical tone signal 
produced by the channel number a1 . 



[0056] The contents of other various types of param- 
eters are basically set as similar to those of the channel 
number a1. 

[0057] Again referring to FIG. 8, when the processing 
advances to the step SP8, initiation of vocalization is 
commanded with respect to the channel numbers a1 
and a2 in the sound source. Then, the processing rela- 
tive to the note on even is completed. Thereafter, in the 
channel number a1 of the sound source in the sound 
board 1 0. the usual musical tone waveform data 38 is 
read out at a speed according to the note number NN, 
and the musical tone signal relating to the channel 
number a1 is sequentially produced without including 
the pseudo low tone. In synchronization with this, in the 
channel number a2, the pseudo low tone waveform data 
52 according to the note number NN is read, and the 
pseudo low tone signal is sequentially generated. As a 
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result, both the tome signals are sounded through the 
sound system 12. Although the components less than 
the lowest frequency or critical frequency in the musical 
tone signal is not reproduced in the sound system 1 2, a 
user can hear the pseudo low tone corresponding to the 5 
irreproducible component, and a user have an illusion 
as if this low tone component is reproduced. 
[0058] As described above, according to this embod- 
iment, since the sound volume envelope relating to the 
usual musical tone waveform and the sound volume en- 
velope relating to the pseudo low tone waveform can be 
individually controlled, it is possible to control the sound 
volume level and the dynamic range in conformity to the 
equal loudness contour in accordance with respective 
situations. ^5 

2. Second Embodiment 

[0059] A second embodiment according to the 
present invention will now be described. Although the 20 
hardware structure of the second embodiment is simitar 
to that of the first embodiment, waveform data prepared 
for the waveform memory of the sound board 10 and a 
software structure for control are somewhat different 
from those of the first embodiment, and only differences 25 
will be explained. 

(1) Waveform Data Generation Processing 

[0060] In this embodiment, the waveform data gener- 3o 
atlon processing similar to that described with reference 
to FIGs. 3 and 4 is executed, thereby obtaining the usual 
musical tone waveform data 38 and the pseudo low tone 
waveform data 52. Further, in this embodiment, the 
processing illustrated in FIG. 10 is executed. 35 
[0061] In the drawing, reference numerals 72 and 74 
denote amplitude control portions for controlling ampli- 
tudes of the waveform data 38 and 52. That is, the am- 
plitudes of both sets of the waveform data are set in such 
a manner that a difference in level corresponding to a 
difference in the attack section between the character- 
istics A' and B' in FIG. 9 of the first embodiment is given 
to the envelopes of both sets of the waveform data. Ref- 
erence numeral 76 designates a mixing portion for mix- 
ing both the waveform data subjected to the amplitude 
control and outputting its result as the waveform data 
78 containing a pseudo low tone. These wavefomri data 
38 and 78 are stored in the hard disk 2, and the wave- 
form data 52 is deleted. As described above, the usual 
musical tone waveform data 38 is mixed with the pseudo so 
low tone waveform data which Is the pseudo low tone 
waveform data 52 corresponding to a frequency com- 
ponent not more than the lowest frequency included in 
the data 38 and subjected to the amplitude control so 
as to obtain the equal loudness with this frequency com- ss 
ponent, thereby preparing the waveform data 78 con- 
taining the pseudo low tone. 

[0062] Here, in the method described in conjunction 
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with FIG. 7, the sound pressure level is attenuated in 
order to adjust the loudness for the pseudo low tone, but 
the control of the degree of the change in the sound 
pressure level for uniforming the changes in the loud- 
ness is not executed. That is because a magnitude ratio 
of the change in the sound pressure level is close to 1 
in "Robinson & Dodson", and it Is hence judged that this 
control can be omitted. The generated usual musical 
tone waveform data 38 and the pseudo low tone inclu- 
sive waveform data 78 corresponding thereto are trans- 
ferred to the wavefonn memory in the sound board 1 0 
in accordance with a predetenmined operation by a user. 
Although the usual musical tone waveform data 38 is 
stored in the wavefonn memory in the sound board 10 
In accordance with each note range of the timbre, the 
pseudo low tone inclusive waveform data can be pre- 
pared for the usual musical tone wavefonn data 38 
whose fundamental wave component is used for the 
musical tone generation with a pitch less than the lowest 
frequency, and stored in the waveform memory. 

(2) Note-on-event Processing 

[0063] In this embodiment, when a note on event oc- 
curs, the note-on-event processing routine shown in 
FIG. 2(a) is activated as similar to the first embodiment. 
The processing of the step SP10 executed when the 
pseudo low tone effect is in the off state or when the 
pseudo low tone effect is in the on state and an irrepro- 
ducible frequency component in a low tone range does 
not exist in a musical tone signal to be produced is com- 
pletely the same as that in the first embodiment. If the 
pseudo low tone effect is in the on state and an irrepro- 
ducible frequency component in a low tone range is in- 
cluded in a musical tone signal to be generated, the 
sounding control routine with a pseudo low tone shown 
in FIG. 11 is called In place of the processing shown in 
FIG. 8 in the stepS12. 

[0064] The details of the steps SP42, SP44 and SP46 
executed in this routine are similar to those of the steps 
SP22, SP24 and SP26 (FIG. 2(b)) respectively execut- 
ed relative to the usual musical tone wavefonn. In the 
step SP44, however, the address information, the F 
number, the sound volume envelope parameter and oth- 
er parameters with respect to the pseudo low tone in- 
clusive waveform data 78 instead of the usual musical 
tone waveform data 38 are set in the sound source with- 
in the sound board 10. The address information to be 
set is address information of the pseudo low tone inclu- 
sive waveform data 78 corresponding to the usual mu- 
sical tone waveform data 38 according to the note 
number NN among multiple sets of musical tone wave- 
form data 38 corresponding to the timbre TC (PT) stored 
in the waveform memory. Basically, it is good enough 
that the F number, the sound volume envelope param- 
eter and other parameters can have the same values as 
those of the con-esponding parameters of the usual mu- 
sical tone wavefomn data 38. 
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[0065] Consequently, in the step SP46, when initia- 
tion of vocalization is commanded to the channel 
number a1 of the sound source, the pseudo low tone 
inclusive waveform data 78 is read at a speed according 
to the note number NN in the sound source of the sound 
board 10, and the filtering processing according to the 
above-mentioned note filter parameter or the time-vari- 
able processing of the sound volume according to the 
sound volume envelope parameter is executed, thereby 
sequentially generating the musical tone signal relating 
to the channel number a1 with the pseudo low tone be- 
ing included. Then, the musical tone signal is sounded 
through the sound system 12. Since this musical tone 
signal includes the pseudo low tone corresponding to a 
frequency component not more than the irreproducible 
lowest frequency, a user can hear the sound of this fre- 
quency component as if this component is reproduced. 
[0066] According to this embodiment, even in case of 
generating a pseudo low tone, the vocalization channel 
allocated to one note-on-event can be restricted to one 
channel. Therefore, the present invention can be pref- 
erably used when riBstrlcting the increase in number of 
vocalization channels in particular. 

3. Third Embodiment 

[0067] A third embodiment according to the present 

invention will now be described. The hardware structure 
of the third embodiment is the same as that of the first 
embodiment except that the sound source of the sound 
board 1 0 is not a waveform memory type sound source 
but a frequency modulation type sound source (FM 
sound source). Although the software structure Is some- 
what different from that of the first embodiment, only dif- 
ferences will be described hereinafter. 

(1) Waveform Data Generation Processing 

[0068] In this embodiment, since the musical tone sig- 
nal is produced by the FM sound source system, the 
waveform data generation processing such as that in 
the first and second embodiments is not executed. 

(2) Usual Sounding control in Note-on-event 
Processing 

[0069] In this embodiment, when a note on event oc- 
curs, the note-on-event processing routine shown in 
FIG. 2(a) is activated as similar to the first embodiment. 
However, in this embodiment, when a pseudo low tone 
should not be generated, the usual sounding control 
subroutine shown in FIG. 12(a) is called in the step 
SP10. 

[0070] When the processing advances to the step 
SP52 in FIG. 12(a), one vocalization channel is allocat- 
ed in the sound source of the sound board 1 0. The chan- 
nel number of this allocated vocalization channel is de- 
termined as a1 . 



[0071] Subsequently, when the processing proceeds 
to the step SP54, the musical tone parameters for the 
musical tone signal according to the timbre TC (PT) cor- 
responding to the part number PT, the note number NN 

s and the velocity VEL are set with respect to the channel 
number a1 in the sound source. In general, the musical 
tone parameters of the FM sound source set to the 
sound source channel are prepared by adding correc- 
tion (scaling) according to the note number NN and the 

10 velocity VEL with respect to the basic musical tone pa- 
rameters for the musical tone signal based on the timbre 
data each set of which is prepared for each timbre TC. 
Here, as the musical tone parameters, there are the fol- 
lowing types. 

75 

(1) Algorithm 

[0072] In the FM sound source system adopted in this 
embodiment, an algorithm (connection state of n units 

20 of operators) is selected in accordance with the timbre 
TC (PT). Further, there are determined types of wave- 
forni data used by each operator (the sine wave, the 
half-wave rectified waveform of the sine wave, the full- 
wave rectified waveform of the sine wave and others), 

25 pitch data for controlling a speed of advance of phase 
data for generating the waveform data (controlling the 
pitch of the wavefomn data), a multiplier factor relative 
to the pitch data for each operator (the speed of advance 
of the phase data in each operator is controlled by a 

30 product of the multiplier factor and the pitch data), low- 
frequency modulation control data (controlling tremolo 
and others), an envelope parameter for controlling the 
envelope waveform given to the waveform data gener- 
ated by each operator, and others in accordance with 

35 the note number NN and the velocity VEL. As the con- 
tents of the algorithm, various kinds of contents can be 
considered. As a simple example, serial connection of 
"n = 2" operators 0P1 and OP2 such as shown in FIG. 
13(a) can be considered. 

40 

(2) Sound Volume Envelope Parameter 

[0073] The envelope given by an operator in the final 
stage of the algorithm (in the illustrative example, 0P2) 
45 corresponds to the sound volume envelope of the mu- 
sical tone signal outputted from the FM sound source. 
As described above, the envelope parameter of the en- 
velope is determined in accordance with the timbre TC 
(PT), the note number NN and the velocity VEL 

50 

(3) Other Parameters 

[0074] In case of effecting the filtering processing with 
respect to an output of the algorithm, the tone filter pa- 
55 rameter and others according to the timbre TC (PT), the 
note number NN and the velocity VEL are set. Further- 
more, a pitch envelope parameter for controlling the 
pitch envelope for fluctuating the pitch of the musical 
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tone signal to be produced may be set in some cases. 
[0075] Subsequently, when the processing proceeds 
to the step SP56, initiation of vocalization is commanded 
to the channel number a1 of the sound source. Then, 
the processing of the note on event is completed. There- 
after, in the sound source of the sound board 10, the 
musical tone signal concerning the channel number a1 
is sequentially generated without including a pseudo low 
tone. Furthermore, the musical tone signal is sounded 
through the sound system 1 2. Even if a frequency com- 
ponent not more than the lowest frequency is included 
in this musical tone signal, this component is not repro- 
duced by the sound system 12, and a user cannot hear 
that component. 

(3) Sounding control with Pseudo low tone in Note- 
on-event Processing 

[0076] When the processing advances to the step 
SP12 in the note-on-event processing routine (FIG. 2 
(a)], the sounding control routine with a pseudo tow tone 
shown in FIG, 12(b) is called. When the processing pro- 
ceeds to the step SP62 in the flowchart, the two vocal- 
ization channels are allocated in the sound source of the 
sound board 10. The channel numbers of the allocated 
vocalization channels are determined as a1 and a2. 
[0077] When the processing proceeds to the step SP 
64, musical tone parameters for musical tone signals ac- 
cording to the timbre TC (PT) corresponding to the part 
number PT, the note number NN and the velocity VEL 
are set. The detail of the processing is similar to that in 
the above-described step SP54. Subsequently, when 
the processing advances to the step SPSS, m units of 
operators for pseudo low tones are assured in the chan- 
nel number a2 in accordance with the musical tone sig- 
nals to be generated in the channel number a1 , and their 
parameters are set. 

[0078] Here, as the musical tone parameters set for 
the pseudo low tone, there are the following types. 

(1 ) Algorithm 

[0079] In order to generate a pseudo low tone, an al- 
gorithm (see FIG. 1 3(b)) having a structure in which two 
operators 0P3 and 0P4 are connected in parallel is set 
to the channel number a2. 

[0080] A frequency component corresponding to the 

note number NN which is irreproducible by the sound 
system 12 is included in the f requency component of the 
musical tone signal to be generated in the channel 
number a1 . Here, it is assumed that an operator having 
a multiplier factor of the pitch data being 1 among oper- 
ators in the last stage of the channel number a1 gener- 
ates the lowest tone. In this case, pitch data having a 
frequency f corresponding to the note number NN which 
is the same as that of the channel number a1 is set to 
the channel number a2, and each operator of the chan- 
nel number a2 appropriately sets a multiplier factor, 



.thereby generating a harmonic tone of that frequency f . 
In each operator, the pitch of the waveform data to be 
generated becomes greater than the lowest frequency, 
and combinations of a plurality of multiplier factors are 
5 set such that the greatest common factor becomes "1 " 
(for example, "2, 3", "3, 4", ...). As a result, the pitch fre- 
quencies of the signals to be actually generated are. for 
example. "21, 3f", "3f. 4r 



[0081] When the timbre TC (PT), the velocity VEL and 
the note number NN are specified, a sound volume en- 
velope parameter is determined in order to specify a 
sound volume envelope given to the operator for the 
pseudo low tone (in the illustrative example, 0P3 and 
0P4). The relationship of the sound volume envelope 
between the channel number a1 and a2 is similar to that 
in the first and second embodiments. That is, the enve- 
lope parameter of the sound volume envelop which has 
the equal loudness relation with the sound volume en- 
velope for the irreproducible low-range component in- 
cluded in the musical tone signal generated by the chan- 
nel a1 is set to each of the two operators of the channel 
number a2. Here, the envelope parameters set to the 
respective operators are different from each other in ac- 
cordance with the pitch of the waveform data to be gen- 
erated by each parameter. 



[0082] Besides, a tone filter parameter and others cor- 
responding to the note number NN and the velocity VEL 
are set. If the pitch envelope is set to the channel 
number a1 , setting the same pitch envelope to the chan- 
nel number a2 can cause the pitch for the pseudo low 
tone generated by the channel number a2 to follow fluc- 
tuations in the pitch of the musical tone signal generated 
by the channel number a1 . Here, the above-described 
musical tone parameter for the pseudo low tone can be 
created by the method similar to the musical tone pa- 
rameter for the musical tone signal. Specifically, the data 
for the pseudo low tone is first caused to be included in 
the tone data, each set of which is prepared for each 
timbre TC. Correction (scaling) according to the note 
number NN and the velocity VEL is then added to the 
basic musical tone parameter for the pseudo low tone 
included in the timbre data, thereby generating the mu- 
sical tone parameter for the pseudo low tone. 
[0083] Again referring to FIG. 12(b), when the 
processing proceeds to the step SPSS, initiation of vo- 
calization is commanded to the channel numbers a1 and 
a2 in the sound source. Then, the processing relative to 
the note-on-event is completed. Thereafter, the musical 
tone signal is sequentially generated without including 
the pseudo low tone in the channel number a1 of the 
sound source of the sound board 1 0. In synchronization 
with this, the pseudo low tone signal according to the 
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note number NN is sequentially produced in the channel 
number a2. When both the signals are sounded through 
the sound system 12, despite the fact that a frequency 
component not more than the lowest frequency is not 
reproduced in the musical tone signal of the channel 
number a1, a user has an illusion as if that frequency 
component is heard by the pseudo low tone of the chan- 
nel number a2. 

4. Fourth Embodiment 

[0084] A fourth embodiment according to the present 
invention will now be described. Although the hardware 
structure of the fourth embodiment is similar to that of 
the third embodiment, the software structure Is some- 
what different from that of the third embodiment, and de- 
scription will be hence given as to only differences. 

(1 ) Sounding control with Pseudo low tone in Note- 
on-event Processing 

[0085] In this embodiment, when the processing pro- 
ceeds to the step SP12 In the note-one-event process- 
ing routine (FIG. 2(a)), the sounding control routine with 
a pseudo low tone shown in FIG. 1 2(c) is called. When 
the processing advances to the step SP72 in the flow- 
chart, one vocalization channel is allocated in the sound 
source within the sound board 1 0. The channel number 
a1 of the allocated vocalization channel is determined 
as a1 . 

[0086] Subsequently, when the processing proceeds 
to the step SP74, (m + n) units of operators are assured 
with respect to the channel number a1 in the sound 
source. Here, in this embodiment, it is assumed that an 
FM sound source capable of changing a number of op- 
erators for each channel ls used, "m"and "n" mean num- 
bers of operators for the usual vocalization and for the 
pseudo low tone in the above-mentioned third embodi- 
ment. Then, musical tone parameters according to the 
timbre TC (PT) corresponding to the part number PT, 
the note number NN and the velocity VEL are set to 
these operators. 

[0087] The algorithm set herein equals to one ob- 
tained by connecting the algorithm for the usual vocali- 
zation with the algorithm for the pseudo low tone in the 
third embodiment in parallel. FIG. 13(c) shows one ex- 
ample thereof. The setting of other musical tone param- 
eters is similar to that of the third embodiment. 
[0088] Subsequently, when the processing proceeds 
to the step SP76, initiation of vocalization is commanded 
to the channel number a1 in the sound source. Then, 
the processing for the note-on-event is conipleted. 
Thereafter, the musical tone signal including the pseudo 
low tone is sequentially produced in the channel number 
a1 of the sound source in the sound board 10. 
[0089] As described above, a difference between the 
third and fourth embodiments lies in that two vocaliza- 
tion channels are assured or one vocalization channel 



Is assumed when effecting the sounding control with the 
pseudo low tone. A choice of either embodiment may 
be determined based on whether a maximum number 
of operators per one channel is not less than "n + m". In 

5 the example shown in FIG. 13, if the maximum number 
of operators is "3", the structure of the third embodiment 
(FIGs. 13 (a) + (b)) must be necessarily adopted. Fur- 
ther, if the maximum number of operators is not less than 
"4", any of the embodiments can be adopted, but it is 

10 advantageous to adopt the fourth embodiment because 
a number of channels can be restricted. Modifications 
[0090] The present invention is not restricted to the 
foregoing embodiments, and various modifications of 
the present invention are possible as follows. 

75 

(1) Although each of the above embodiments real- 
izes the musical tone synthesis system by the soft- 
ware which is executed on a personal computer, the 
similar function may be used in various types of 

20 electronic instruments, mobile phones, amusement 
machines, and other devices which generate the 
musical tones. Furthermore, the software used In 
the above embodiments can be stored in a storage 
medium such as a CD-ROM or a floppy disk to be 

25 delivered, or can be delivered through a transmis- 
sion path. 

(2) In the above-described embodiments, a high 
pass filter for attenuating a frequency component 
not more than the lowest frequency which can be 

30 reproduced by the sound system may be provided 
between the sound board 1 0 and the sound system 
12 so that the reproducible frequency component 
not more than the lowest frequency can be cut. As 
. a result, the power consumption of an amplifier In 

35 the sound system 12 can be reduced.. 

(3) If the sound board 10 is a PGM sound source 
provided with a wavefomi RAM, the pseudo low 
tone waveform may be generated by analyzing the 
existing waveform data. At this time, a user may se- 

40 lect or specify a reproducible lowest frequency, and 
the pseudo low tone waveform data may be auto- 
matically created based on the selected or specified 
lowest frequency. 

(4) When applying the present invention to an elec- 
45 tronic instrument, presetting of the pseudo low tone 

effect which matches with the sound system by a 
manufacturer is preferable if the present invention 
is incorporated in an electronic instrument provided 
with a sound system. In such a case, a plurality of 

50 types of setting may be prepared, and a user may 
select a preferable setting from them. On the other 
hand, in case of an electronic instrument provided 
with no sound system (for example, a synthesizer) 
or a sound board for a personal computer, it is im- 

55 possible to provisionally specify the sound system. 
In this case, as similar to the foregoing embodi- 
ments, setting of the lowest frequency of the pseudo 
low tone effect, a quantity of attenuation, a quantity 



12 



23 



EP1 168 296 B1 



24 



of amplitude compress and others may be executed 
by a persona! computer on which a panel or a sound 

board of an electronic instrument is mounted. 

(5) In the foregoing embodiments, as parameters 

for generating a pseudo low tone, there are used s 
the lowest frequency or critical frequency, a quantity 
of attenuation (level L1 In FIG. 7), and a quantity of 
amplitude compress of a pseudo low tone (level ra- 
tio L3/L2 in FIG. 7). However, the quantity of atten- 
uation and the quantity of amplitude compress may 
be detenmined as fixed parameters, and a pseudo 
low tone may be generated based on only the low- 
est frequency parameter. Alternatively, a pseudo 
low tone may be generated based on only the quan- 
tity of attenuation and the lowest frequency without 15 
taking changes in the amplitude compress in the 
pseudo low tone into consideration. 

(6) In the above embodiments, if any of a plurality 
of sound systems is selectively switched to be used, 

the lowest frequency for each sound system may 20 
be previously stored, and the pseudo low tone effect 
may be automatically set in accordance with the 
switching situation of the sound system to be used. 

(7) The control data for controlling the pseudo low 
tone (pseudo low tone control data) may be includ- 25 
ed in a part of timbre data for each timbre. Moreover, 

a plurality of sets of pseudo low tone control data 
corresponding to different lowest frequencies may 
be included in that timbre data. In such a case, when 
. a user specifies a critical frequency of the sound 30 
system 1 2 in advance, the pseudo low tone control 
data which matches with that lowest frequency can 
be thereafter automatically selected to be used by 
simply effecting the operation for selecting a timbre. 

(8) In the first and second embodiments using the 35 
waveform memory type sound source, although the 
processing for analyzing/creating the waveform da- 
ta to be stored in the waveform memory is carried 
out, the processing for analyzing/creating the wave- 
form data is not a must in the present invention. The <o 
analyzed/created waveform data (the usual musical 
tone waveform data 38 and the pseudo low tone 
waveform data 52) may be stored in the waveform 
memory in advance, and the stored waveform data 
may be used to carry out the present invention. 45 

(9) In the third and fourth embodiments using the 
FM sound source, although the algorithm having 
two operators being connected in parallel for gen- 
erating a pseudo low tone is used, any other algo- 
rithm may be used. 

For example, in case of using an algorithm hav- 
ing two operators connected In series, it is good 
enough to set pitch data having the same pitch as 
that of a frequency of an irreproducible low-range 
component, generating waveform data with the 55 
same pitch as that of that frequency by the multiplier 
factor "r In the operator on a modulator side, and 
generating the waveform data with .the pitch which 



is twofold of that of the frequency by the multiplier 
factor '2" in the operator on a carrier side. Applying 
frequency modulation to the wavefonn data having 
the double pitch by using the wavefonm data having 
the same pitch can generate a frequency compo- 
nent of a side band at intervals of a frequency cor- 
responding to the same pitch with the double pitch 
in the center. It is possible to produce the pseudo 
low tone by using a carrier component having the 
double pitch and a side band component higher 
than the former pitch (having a pitch which is three- 
fold of a frequency of a Irreproducible low-range 
component). 

In this case, a sound volume ratio of the carrier 
component and the side band component which is 
higher by one unit is determined by an output level 
of the operator on the modulator side. In order to 
facilitate the control, it is preferable to cause no 
time-fluctuation of the envelope of the operator on 
the modulator side, i.e., determine the sound vol- 
ume ratio as a fixed value. 

Moreover, as to the envelope of the operator on 
the carrier side, it is good enough to set the enve- 
lope parameter so that changes with time can occur 
while maintaining the relation of the sound volume 
of the irreproducible low-range component and the 
equal loudness. 

(10) In the above-described embodiments, al- 
though the pseudo low tone Is generated by the 
waveform memory type sound source or the FM 
type sound source, types of the sound source are 
not restricted to these two types. For example, in 
case of a sound source adopting the harmonic syn- 
thesis system or the partial sound synthesis sys- 
tem, one or more operators among a plurality of os- 
cillators for each channel can be used to produce 
the pseudo low tone. In case of a sound source 
adopting a ring modulation system, a overtone gen- 
erated by the ring modulation of the two oscillator 
systems can be used as the pseudo low tone. In 
case of a sound source capable of effecting non- 
linear conversion of the wavefomn data, the pseudo 
low tone can be produced based on the overtone 
generated by the non-linear conversion. Besides, 
the present invention may be applied to a physical 
model sound source or an analog modeling sound 
source. 

(11) In the foregoing embodiments, although the 
pseudo low tone effect can be turned on/off, it may 
be set so as to be constantly in the on state. 

(1 2) Although the lowest frequency is set by a user 
in the above-described embodiments, data repre- 
senting individual lowest frequencies of a plurality 
of sound systems can be stored. By only selecting 
a sound system to be used, the lowest frequency 
can be automatically determined, and the pseudo 
low tone effect corresponding to the lowest frequen- 
cy can be automatically set. 
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[0091] As described above, according to the present 
Invention, since the first and second waveform signal 
are generated by making determination as to a specified 
pitch is not more than a predetermined critical pitch in 
connection with an electo-acoustic converter, it is pos- 
sible to reduce a necessary quantity of arithmetic oper- 
ation while generating the pseudo low tone. 

5. Fifth embodiment 

5.1 . Principle of Embodiment 

[0092] In the above-described first to fourth embodi- 
ments, whether or not a pseudo low tone is to be gen- 
erated Is determined based on whether a pitch of a mu- 
sical tone signal Is not more than a predetermined crit- 
ical frequency (for example, a cut-off frequency). Ac- 
cording to this technique, however, the tone quality may 
slightly differ in the vicinity of the critical frequency, 
thereby resulting In somewhat irregular sensation. In 
view of this, it is an object of the fifth embodiment to 
provide an audio signal generation method capable of 
generating a pseudo low tone in a natural state. 5.2. 
Hardware Structure of Embodiment 
[0093] A hardware structure of a portable phone ac- 
cording to the fifth embodiment of the present Invention 
will now be described with reference to FIG. 14. In the 
drawing, reference numeral 102 denotes a communica- 
tion unit for carrying out wireless communication with a 
non-illustrated base station. Reference numeral 104 
designates a coder/decoder for coding and decoding a 
signal transmitted/received in the communication unit 
102. Reference numeral 103 represents a microphone 
for detecting a voice of a user. Reference numeral 106 
denotes a display device for displaying various kinds of 
Information to a user. Reference numeral 108 desig- 
nates an input device which Is constituted by a ten-key 
keyboard, command buttons and others, and to which 
various kinds of information is inputted by a user. Ref- 
erence numeral 110 represents a sound source for gen- 
erating a musical tone signal such as a ringing tone 
based on supplied perfomnance Information. In this em- 
bodiment, the sound source 110 is constituted by a 
waveform memory type sound source. The generated 
musical tone signal is sounded through a sound system 
112. It is to be noted that the sound system 112 is con- 
stituted by an amplifier and an electo-acoustic convert- 
er. As the electo-acoustic converter, a speaker, a head- 
phone, an earphone and others can be selected, and 
they have different conversion characteristics. 
[0094] Reference numeral 116 denotes a MIDI inter- 
face for transmitting/receiving a MIDI signal to/from an 
external MIDI device. Reference numeral 118 desig- 
nates a vibrator for vibrating the portable phone when 
the portable phone is set in a silent mode. Reference 
numeral 120 represents a CPU for controlling each part 
of the portable phone through a bus 114 based on a lat- 
er-described control program. Reference numeral 122 



denotes a ROM for storing therein an operating system, 
a musical tone synthesis program, performance infor- 
mation previously arranged in the portable phone, and 
other various kinds of data. Reference numeral 1 24 des- 

5 ignates a RAM, which is used as a work memory of the 
CPU 120 and can also store therein perfomnance infor- 
mation defined by a user. Furthemnore, a waveform 
memory in the sound source 1 10 is backed up by a bat- 
tery so that waveform data of a timbre defined by a user 

10 and other data can be stored. 

5.3. Operation of Embodiment 

5.3.1 . Wavefomn Data Generation Processing. 

[0095] The wavefomn data used In this embodiment 
can be created by a manufacturer of portable phones or 

a user by using a personal computer. The detail of that 
processing will now be described with reference to FIG. 
15. It is to be noted that FIG. 15 is a functional block 
diagram showing the contents of the processing pro- 
gram executed in the personal computer. 
[0096] In the drawing, reference numeral 1 30 denotes 
original waveform data such as a recorded waveform of 
a musical tone of a natural instrument, and this data is 
externally inputted through the sound board, the remov- 
able disk, or the network. Reference numeral 140 des- 
ignates a waveform analysis portion for classifying fre- 
quency components of the original waveform data 130 
into a component continuous on the time axis (detemnin- 
istic frequency component) and other fragmentary com- 
ponents (noise components). Here, the waveform anal- 
ysis portion 140 has the same structure as that shown 
in FIG. 4. Further details of the waveform analysis por- 
tion 140 are described in FIG. 4. 
[0097] Again referring to FIG. 15, reference numeral 
1 54 denotes attack & loop information which is set while 
referring to the original waveform data 130 by a user. 
Alternatively, this information may be automatically set 
by using a result of the waveform analysis and the like 
in accordance with designation by a user. The content 
of the attack & loop infomnation includes a length of an 
attack section which is read only once at the beginning 
of waveform reproduction, a length of a loop section 
which is repeatedly read after the length of the attach 
section. Reference numeral 1 36 designates a waveform 
synthesis portion for synthesizing waveform data of the 
attack section and the loop section based on the deter- 
ministic frequency component 132, the noise compo- 
nent waveform data 1 34, and the attack & loop informa- 
tion 154. The synthesized waveform data is usually 
stored as musical tone wavefomn data 138 In the hard 
disk and the like of the personal computer. 
[0098] Here, the outline of the synthesis processing 
in the waveform synthesis portion 1 36 will be described. 
The attack & loop infomnation 154 is first used to deter- 
mine an attack start address Indicative of a top of the 
attack section, and a loop start address and a loop end 
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address indicative of a top and an end of the loop sec- 
tion. Subsequently, from the detenministic frequency 
components of the loop section, a component having a 
value close to the loop start phase at the loop end is 
selected. The selected component is corrected in such 
a manner that the phase at the loop end is matched with 
the phase at the loop start. Incidentally, if the loop is a 
long loop (loop size which is not less than several hun- 
dred milliseconds), a component having a value which 
is not close to the loop start phase at the loop end (non- 
overtone component) may be also selected and correct- 
ed. Then, sine wave synthesis is carried out based on 
the corrected frequency component, and the wavefomn 
data of the loop section is generated. 
[0099] A component which has not been used for the 
loop section among the deterministic frequency compo- 
nents of the attack section is then processed in such a 
manner that this component gradually fades out from 
the middle of the attack section to the end of the attack 
section, and the sine wave synthesis is executed based 
on the processed deterministic frequency component, 
thereby generating the waveform data of the attack sec- 
tion. Further, a sound volume of the noise component 
waveform data 134 is controlled meanwhile, and mixed 
in. the attack section and the loop section. The thus cre- 
ated waveform data of the attack section and the loop 
section has a wavefomri which is very similar to that of 
the original waveform data 130, and has good connec- 
tions from the attack section to the loop section and from 
the loop end to the loop start. 
[0100] Furthermore, reference numeral 160 denotes 
a pseudo low tone synthesis portion for generating 
pseudo low tone waveform data 152 based on pseudo 
low tone start frequency data 1 51 Indicative of a highest 
frequency by which a pseudo low tone should be repro- 
duced in a portable phone, the deterministic frequency 
component 132 and the attack & loop Information 154. 
The pseudo low tone start frequency data 151 may be 
a frequency which Is preset in accordance with a model 
of the portable phone (or models of a headphone, an 
earphone and others) or may be a frequency which can 
be optimally set by a user. Here, an example of a method 
for determining the pseudo low tone start frequency data 
151 will be described with reference to FIG. 16. In the 
drawing, a horizontal axis represents a frequency or a 
note number NN, and a cut-off frequency (lowest or crit- 
ical frequency) is determined in accordance with a char- 
acteristic of an electo-acoustic converter of the portable 
phone. 

[01 01 ] As described above, upon determining wheth- 
er a pseudo low tone is to be generated with the cut-off 
frequency as the critical point, there occurs a problem 
that the sound quality greatly differs in the vicinity of the 
cut-off frequency Thus, in the present embodiment, a 
pseudo low tone is generated even at a frequency high- 
er than the cut-off frequency, and the level of the pseudo 
low tone is gradually increased as the frequency lowers, 
thereby easing the unpleasant sensation. Specifically, 



the sound volume coefficient RVOL which increases as 
the frequency lowers is determined in a range of "0 to 
1 " as shown in the drawing, and the sound volume co- 
efficient RVOL is multiplied with the pseudo low tone 
5 waveform, thus realizing the above-mentioned fading 
process. A crossing point of the characteristic curve of 
the sound volume coefficient RVOL with the horizontal 
axis is referred to as a "pseudo low tone start frequen- 
cy". ^ 

10 [0102] Again referring to FIG. 15, reference numeral 
1 67 represents an extraction portion in the pseudo low 
tone synthesis portion 160 for extracting a frequency 
component not more than the pseudo low tone start fre- 
quency from the deterministic frequency components 

15 132. Reference numeral 162 denotes a overtone gen- 
eration portion for generating a plurality of overtone 
components above lowest frequency with respect to 
each extracted frequency component. Here, a frequen- 
cy of the extracted frequency component fluctuates in 

20 time, and a frequency of the generated overtone com- 
ponent also fluctuates in accordance with that fluctua- 
tion. 

[0103] For example, it is assumed that 240 Hz which 
is higher than the cut-off frequency (1 20 Hz) by one oc- 
25 tave is set as the pseudo low tone start frequency In 
this case, overtone component which is at least twofold 
and threefold of the frequency component of 120 < f ^ 
240 Hz in the deterministic frequency components is 
generated with respect to that frequency component. 
30 Similariy, at least the threefold and fourfold harmonic 
wave components are generated with respect to the fre- 
quency component of 80 < f ^ 1 20 Hz, and at least the 
fourfold and fivefold harmonic wave components are 
produced with respect to the frequency component of 
35 60<f^80Hz. 

[0104] Reference numeral 168 denotes an envelope 
conversion portion for outputting an envelope of each 
overtone component in such a manner that the sound 
volume (loudness) of the pseudo low tone generated by 
40 each overtone component matches with the subjective 
sound volume of the original frequency component. Its 
content has been described already with reference to 
FIG. 7. 

[0105] Again referring to FIG. 15, reference numeral 
45 1 64 designates an amplitude control portion for multi- 
plying each overtone component outputted from the 
overtone generation portion 162 by an envelope level 
outputted from the envelope conversion portion 168. 
Reference numeral 1 66 represents a multiple-waveform 
50 mixing portion for mixing each overtone component to 
which the envelope has been applied. A result of this 
mixing is stored as the pseudo low tone wavefomri data 
1 52 In the hard disk of the personal computer. The usual 
musical tone waveform data 138 generated in the 
55 above-described manner and the corresponding pseu- 
do low tone waveform data 152 are transferred to a 
waveform memory in the sound source 1 1 0 as wavefomn 
data of a music tone defined by a user when the user 
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performs a predetermined operation. 5.3.2. Wavefonm 
Synthesis Processing 

[0106] Performance infonnation (for example, an 
SMF (standard MIDI format) file) for reproducing a ring- 
ing sound signaling an incoming call is stored in the 
ROM 122 or the RAM 124 in the portable phone. When 
the portable phone receives an incoming call, the music 
performance information is reproduced, and MIDI 
events are sequentially inputted from the CPU 1 20 to 
the sound source 11 0. A musical tone waveform is syn- 
thesized in the sound source 110 based on this input. 
The detail of this sound source control processing will 
now be described with reference to FIG. 17. 

(1 ) When Pseudo low tone Effect is OFF 

[0107] At first, when a note on event is generated, a 
note-on-event processing routine shown in FIG. 17(a) 
is activated. When the processing advances to the step 
SQ2 in the drawing, a part number substitutes for a var- 
iable PT; a note number, for a variable NN; and a veloc- 
ity, for a variable VEL. Then, when the processing ad- 
vances to the step S04, determination is made as to a 
flag PLE is "1". It is to be noted that the flag RLE is a 
flag indicative of the on/off state of the pseudo low tone 
effect, and "1" indicates ON while "0" indicates OFF. In- 
cidentally, a value of the flag PLE can be switched any 
time by performing a predetermined operation by a user. 
[0108] If the flag PLE is "0", it is determined as "NO", 
and the processing proceeds to the step SQ10. Here, 
an usual sounding control subroutine shown in FIG. 17 
(b) is called. When the processing advances to the step 
SQ22 in the flowchart, one vocalization channel is allo- 
cated in the sound source in the sound source 110. A 
channel number of the allocated vocalization channel is 
determined as a1 . 

[0109] Subsequently, when the processing proceeds 
to the step S024, musical tone parameters according 
to the timbre TC (PT) corresponding to the part number 
PT, the note number NN and the velocity VEL are set 
with respect to the channel number a1 in the sound 
source. Here, as the sound tone parameters, there are 
the following types. 

(1 ) Address information of the usual musical tone 
waveform data 138(selected waveform data) 
corresponding to the note number NN among a plurality 
of sets of usual musical tone waveform data 138 
corresponding to the timbre TC (PT) stored in the 
waveform memory. 

[0110] Since the usual musical tone waveform data 
1 38 is constituted by the attack section and the loop sec- 
tion, their start and end addresses must be set. Howev- 
er, the usual musical tone waveform data 1 38 Is consti- 
tuted by only the loop section or only the one-shot wave- 
form data depending on the timbre TC (PT) in some cas- 
es. Moreover, the waveform data which differ in accord- 



ance with each range of the velocity VEL may be applied 
in some cases. 

(2) The F number corresponding to the note 
5 number NN. 

[01 11] With respect to the usual musical tone wave- 
form data 1 38, an original pitch OP is set in accordance 
with each set of wavefomi data. When the note number 

10 NN is designated, a speed of advancing a read address 
of the usual musical tone waveform data 1 38, i.e., the F 
number is determined in accordance with a difference 
between the original pitch OP of the selected wavefoma 
data and the note number NN, and the sampling fre- 

75 quency of the wavefomri data. 

(3) A sound volume envelope parameter. 

[01 1 2] When the timbre TC (PT), the velocity VEL and 
20 the note number NN are specified, a sound volume en- 
velope parameter for specifying a sound volume enve- 
lope is detemnined in accordance with these members. 

(4) Other parameters. 

25 

[0113] Besides, a tone filter parameter, a pitch mod- 
ulation parameter, an amplitude modulation parameter 
and others corresponding to the timbre TC (PT), the 
note number NN and the velocity VEL are appropriately 
30 set. 

[01 1 4] Subsequently, when the processing proceeds 
to the step SQ26, initiation of vocalization is command- 
ed with respect to the channel number a1 of the sound 
source. Then, the processing for the note on event is 

35 completed. Thereafter, in the sound source 110, the 
usual musical tone waveform data 138 is read at a 
speed corresponding to the note number NN, filtering 
processing according to the tone filter parameter and 
time-variable processing of the sound volume according 

40 to the sound volume envelope parameter are carried 
out, thereby sequentially generating the musical tone 
signal relating to the channel number a1 without includ- 
ing the pseudo low tone. Then, the musical tone signal 
is sounded through the sound system 1 1 2. Even if a fre- 

^ quency component not more than the lowest frequency 
Is Included In this musical tone signal, this component 
Is not reproduced by the sound system 112, and a user 
cannot hear the sound of this component. 

50 (2) When Pseudo low tone Effect is ON 

[0115] If the note on event occurs while the pseudo 
low tone effect is in the ON state (flag PLE = 1), the 
processing proceeds to the step SQ6 through the steps 
55 SQ2 and SQ4. Here, determination is made as to the 
pseudo low tone waveform should be generated, name- 
ly, whether a periodic component less than the pseudo 
low tone start frequency exists, based on on the timbre 
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TC (PT) and the note number NN. Incidentally, even if 
the note number NN is specified, since its fundamental 
frequency may be deviated in units of octaves in some 
cases, the timbre TC (PT) is added to make determina- 
tion. 

[01 1 6] For example, it is assumed that the cut-off fre- 
quency Is 120 Hz, the pseudo low tone start frequency 

is 240 Hz and the note number corresponds to the fun- 
damental frequency as it stands (no deviation of oc- 
taves). Here, if a reference pitch is A4 = 440 Hz, there 
can be obtained A3 = 220 Hz, A#3 = 233.08 Hz and B3 
= 246.92 Hz, and it can be hence understood that the 
pseudo low tone waveform should be generated when 
the pitch is not more than A#3. 
[0117] Subsequently, when the processing proceeds 
to the step SQ8, the processing branches in accordance 
with a result of determination In the step SQ6. At first, 
when it is determined that "the pseudo low tone wave- 
form should not be generated (note number is not less 
than B3)", the processing proceeds to the step SQ10. 
As a result, the usual sounding control subroutine (FIG. 
1 7(b)) Is called as similar to the case where the pseudo 
low tone effect is In the off state. Therefore, one vocal- 
ization channel is allocated to the note on event, and the 
musical tone signal based on the usual musical tone 
waveform data 138 is sequentially produced in that vo- 
calization channel. 

[01 18] On the other hand. In the step SQ8. if "YES" is 
determined In the step SQ8, the processing advances 
to the step SQ12. Here, the sounding control routine 
with the pseudo low tone shown in FIG. 18 is called. 
When the processing proceeds to the step SQ32 in the 
flowchart, two vocalization channels are allocated in the 
sound source 110. Channel numbers of the allocated 
vocalization channels are determined as a1 and a2. 
Then, when the processing advances to the step SQ33, 
the sound volume coefficient RVOL is detemiined based 
on the note number NN, the timbre TC (PT) and the 
sound volume coefficient characteristic (FIG. 16). 
[01 1 9] Subsequently, when the processing advances 
to the step SQ34, musical tone parameters according 
to the timbre TC (PT) corresponding to the part number 
PT, the note number NN and the velocity VEL are set 
with respect to the channel number a1 In the sound 
source. The detail of the processing is similar to that in 
the above-mentioned step SQ24. Then, when the 
processing proceeds to the step SQ36, pseudo low tone 
parameters are set to the channel number a2 in accord- 
ance with the musical tone signal produced in the chan- 
nel number a1. 

[0120] Here, as the musical tone parameters set for 
the pseudo low tone, there are the following types. 

(1 ) Address information of the pseudo low tone 
wavefonn data 152 (selected pseudo low tone 
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wavefonn data) corresponding to the usual musical tone 
wavefonn data 138 selected in the step SQ34. 

(2) An F number of the pseudo low tone wavefonn 
5 data corresponding to the note number NN. 

[0121] The F number for the pseudo low tone wave- 
form data 152 is determined by the procedure similar to 
that of the F number for the usual musical tone wave- 
10 form data 1 38. That is, the F number of the pseudo low 
tone waveform data is determined In accordance with a 
difference between the original pitch OP of the pseudo 
low tone waveform data and the note number, and the 
sampling frequency of the pseudo low tone waveform 
15 data. Here, the original pitch OP of the pseudo low tone 
waveform data has the same value as the original pitch 
OP of the corresponding usual musical tone waveform 
data (wavefonn data reproduced by the channel number 
a1). Therefore, the F number of the pseudo low tone 
20 waveform data has a predetermined proportionality re- 
lation with respect to the F number of the usual musical 
tone wavefonn data (however, the sampling frequencies 
are different from each other). Consequently, In the 
channel number a2, it is possible to obtain a pseudo low 
25 tone having the pitch and the time axis completely syn- 
chronized with the musical tone signal generated by the 
channel number a1 . 

(3) A sound volume envelope of a pseudo low tone 
30 according to a sound volume envelope of the channel 

. number a1 . 

[0122] As described In conjunction with FIG. 7, a 
sound volume envelope of a pseudo low tone (charac- 
35 teristic B) Is different from a sound volume envelope of 
the original waveform (characteristic A). Therefore, the 
sound volume envelope of the channel number a1 Is 
transformed to set a sound volume envelope for the 
pseudo low tone. 
40 [0123] However, waveform data having the varying 
sound volume envelope is stored in the attack section 
each of the usual musical tone waveform data 1 38 and 
the pseudo low tone waveform data 152. Accordingly, 
in each channel of the waveform memory type sound 
45 source, a change in time of the sound volume does not 
have to be added to the attack section, and the sound 
volume envelope parameter for specifying a flat sound 
. volume envelope of the attack section is set. As de- 
scribed before, FIG. 9 shows examples of the sound vol- 
50 ume envelope for the usual musical tone waveform data 
138 given by the channel number a1 (characteristic A') 
and the sound volume envelope for the pseudo low tone 
waveform data 152 given by the channel number a2 
(characteristic B'). 
55 [0124] Each sound volume envelope conforms to the 
relationship of the equal loudness described in conjunc- 
tion with FIG. 7, and it starts to change when the wave- 
form data reproduced by each channel enters from the 
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attack section to the loop section. In a flat portion, since 
the loudness of the frequency component not more than 
the lowest frequency included in the usual musical tone 
waveform data 138 to be reproduced is substantially 
matched with the loudness of the pseudo low tone wave- 
form data, it is set that the level of the characteristic B' 
is lower than the level of the characteristic A'. Further, 
in the loop section, since the quantity of loudness 
change of the component not more than the lowest fre- 
quency included in the loop section of the usual musical 
tone waveform data to be reproduced is substantially 
matched with the quantity of loudness change of the 
loop section of the pseudo low tone waveform data, it is 
set that the inclination of the characteristic B' is steeper 
than that of the characteristic A'. As a result, in the chan- 
nel number a2, it is possible to obtain the pseudo low 
tone wavefomn in which the loudness characteristic fol- 
lows with respect to the component not more than the 
pseudo low tone start frequency included in the musical 
tone signal produced by the channel number a1 . 
[01 25] Moreover, the sound volume coefficient RVOL 
is multiplied with the thus obtained sound volume enve- 
lope of the channel number a2. As a result, it is possible 
to ease changes in the sound quality with respect to the 
note number NN in the vicinity of the lowest frequency, 
thereby producing a natural musical note signal. 

(4) Other parameters. 

[0126] The contents of other various types of param- 
eters are basically set as similar to those of the channel 
number a1. 

[0127] Again referring to FIG. 18, when the process- 
ing advances to the step SQ38, initiation of vocalization 
is commanded with respect to the channel numbers a1 
and a2 in the sound source. Then, the processing rela- 
. tlve to the note on even is completed. Thereafter, in the 
channel number a1 of the sound source 110, the usual 
musical tone waveform data 1 38 is read out at a speed 
according to the note number NN, and the musical tone 
signal relating to the channel number a1 is sequentially 
produced without including the pseudo low tone. In syn- 
chronization with this, in the channel number a2, the 
pseudo low tone waveform data 152 according to the 
note number NN is read, and the pseudo low tone signal 
is sequentially generated. As a result, both the tome sig- 
nals are sounded through the sound system 112. Al- 
though the components less than the lowest frequency 
or critical frequency in the musical tone signal is not re- 
produced in the sound system 1 1 2, a user can hear the 
pseudo low tone corresponding to the irreproducible 
component, and a user have an illusion as if this low 
tone component is reproduced. 
[0128] As described above, according to this embod- 
iment, since the sound volume envelope relating to the 
usual musical tone waveform and the sound volume en- 
velope relating to the pseudo low tone wavefonm can be 
individually controlled, it is possible to control the sound 



volume level and the dynamic range in conformity to the 
equal loudness contour in accordance with respective 
situations. 

5 6. Sixth Embodiment 

[0129] A sixth embodiment according to the present 
invention will now be described. Although the hardware 
structure of the sixth embodiment is similar to that of the 
10 fifth embodiment, waveform data prepared for the wave- 
fomn memory and a software structure for control are 
somewhat different from those of the fifth embodiment, 
and only differences will be explained. 

^5 (1 ) Waveform Data Generation Processing 

[01 30] In this embodiment, the waveform data gener- 
ation processing similar to that described with reference 
to FIG. 1 5 is executed, thereby obtaining the usual mu- 
20 sical tone waveform data 1 38 and the pseudo low tone 
waveform data 152. Further, in this embodiment, the 
processing illustrated in FIG. 19 is executed. 
[0131] In the drawing, reference numeral 175 denotes 
a sound volume coefficient calculation portion for calcu- 
2$ lating the sound volume coefficient RVOL based on the 
sound volume coefficient characteristic (FIG. 16) when 
the note number NN is given. Reference numerals 172 
and 1 74 designate amplitude control portions for con- 
trolling amplitudes of the waveform data 138 and 152. 
30 Moreover, In the amplitude control portion 172, the 
sound volume coefficient RVOL is multiplied with the ob- 
tained amplitude. That is, a difference in level of the 
characteristics A' and B' in FIG. 9 of the fifth embodiment 
corresponding to a difference between the attack sec- 
35 tions is supplied to the envelopes of both the waveform 
data. Thereafter, the sound volume coefficient RVOL is 
multiplied in the amplitude control portion 172, thereby 
setting the amplitudes of both sets of the waveform data. 
Reference numeral 176 denotes a mixing portion for 
40 mixing both sets of the waveform data subjected to am- 
plitude control and outputting a result as the waveform 
data 1 78 containing the pseudo low tone. These sets of 
waveform data 1 38 and 1 78 are stored in a hard disk of 
a personal computer, and the waveform data 52 is 
45 erased. In this manner, the usual musical tone waveform 
data 1 38 is mixed with the pseudo low tone waveform 
data 1 52 which corresponds to a frequency component 
not more than the pseudo low tone start frequency in- 
cluded in the data. 138, and is subjected to amplitude 
50 control so as to obtain the equal loudness with this fre- 
quency component, thereby preparing the pseudo-low- 
tone-contalning waveform data 178. 
[0132] Here, in the method described in conjunction 
with FIG. 7, the sound pressure level is attenuated in 
55 order to adjust the loudness for the pseudo low tone, but 
the control of the degree of the change in the sound 
pressure level for uniforming the changes in the loud- 
ness Is not executed. That is because a magnitude ratio 
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of the change in the sound pressure level is dose to 1 
in 'Robinson & Dodson", and it is hence judged that this 
control can be omitted. The generated usual musical 
tone wavefomn data 1 38 and the pseudo low tone inclu- 
sive waveform data 178 corresponding thereto are 
transferred to the waveform memory in the sound 
source 110 of the portable phone from the personal 
computer in accordance with a predetermined operation 
by a user. Although the usual musical tone waveform 
data 1 38 is stored in the waveform memory In the sound 
board 110 in accordance with each note range of the 
timbre, the pseudo low tone inclusive waveform data 
can be prepared for the usual musical tone waveform 
data 138 whose fundamental wave component is used 
for the musical tone generation with a pitch less than the 
lowest frequency, and stored in the waveform memory. 

(2) Note-on-event Processing 

[0133] In this embodiment, when a note on event oc- 
curs, the note-on-event processing routine shown in 
FIG. 1 7(a) is activated as similar to the fifth embodiment. 
The processing of the step SQ10 executed when the 
pseudo low tone effect is in the off state or when the 
pseudo low tone effect is in the on state and a frequency 
component less than the pseudo low tone start frequen- 
cy does not exist in a musical tone signal to be produced 
is completely the same as that in the fifth embodiment. 
If the pseudo low tone effect is in the on state and an 
Irreproducible frequency component in a low tone range 
is included in a musical tone signal to be generated, the 
sounding control routine with a pseudo low tone shown 
In FIG. 20 is called in place of the processing shown in 
FIG. 18 in the step SQ12. 

[0134] The details of the steps SQ42, SQ44 and 
SQ46 executed in this routine are similar to those of the 
steps SQ22, SQ24 and SQ26 (FIG. 17(b)) respectively 
executed relative to the usual musical tone waveform. 
In the step SQ44, however, the address information, the 
F number, the sound volume envelope parameter and 
other parameters with respect to the pseudo low tone 
inclusive waveform data 1 78 Instead of the usual musi- 
cal tone waveform data 1 38 are set in the sound source 
110. The address information to be set is address infor- 
mation of the pseudo low tone Inclusive waveform data 
178 corresponding to the usual musical tone waveform 
data 138 according to the note number NN among mul- 
tiple sets of musical tone waveform data 138 corre- 
sponding to the timbre TC (PT) stored in the waveform 
memory. Basically, it is good enough that the F number, 
the sound volume envelope parameter and other pa- 
rameters can have the same values as those of the cor- 
responding parameters of the usual musical tone wave- 
form data 138. 

[0135] Consequently, in the step SQ46, when initia- 
tion of vocalization is commanded to the channel 
number a1 of the sound source, the pseudo-low-tone- 
containing wavefomn data 1 78 is read at a speed ac- 
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cording to the note number NN in the sound source 110, 
and the filtering processing according to the above- 
mentioned tone filter parameter or the time-variable 
processing of the sound volume according to the sound 

5 volume envelope parameter is executed, thereby se- 
quentially generating the musical tone signal relating to 
the channel number a1 with the pseudo low tone being 
included. Then, the musical tone signal is sounded 
through the sound system 112. Since this musical tone 

10 signal includes the pseudo low tone corresponding to a 
frequency component not more than the inreproducible 
lowest frequency, a user can hear the sound of this fre- 
quency component as if this component is reproduced. 
Further, with respect to a frequency component which 

15 is not less than the lowest frequency and not more than 
the pseudo low tone start frequency, the pseudo low 
tone waveform is generated in accordance with the 
sound volume coefficient characteristic (FIG. 1 6) in such 
a manner that the sound volume coefficient RVOL In- 

20 creases as the frequency lowers, and the changes in 
sound quality relative to the note number NN can be 
eased in around of the lowest frequency. 
[0136] Consequently, in the step SQ46, when initia- 
tion of vocalization is commanded to the channel 

25 number a1 of the sound source, the pseudo low tone 
inclusive waveform data 1 78 is read at a speed accord- 
ing to the note number NN in the sound source 1 1 0, and 
the filtering processing according to the above-men- 
tioned note filter parameter or the time-variable process- 

30 ing of the sound volume according to the sound volume 
envelope parameter is executed, thereby sequentially 
generating the musical tone signal relating to the chan- 
nel number a1 with the pseudo low tone being included. 
Then, the musical tone signal is sounded through the 

35 sound system 112. Since this musical tone signal in- 
cludes the pseudo low tone corresponding to a frequen- 
cy componerit not more than the irreproducible lowest 
frequency, a user can hear the sound of this frequency 
component as if this component is reproduced. 

40 [0137] According to this embodiment, even in case of 
generating a pseudo low tone, the vocalization channel 
allocated to one note-on-event can be restricted to one 
channel. Therefore, the present invention can be pref- 
erably used when restricting the increase in number of 

45 vocalization channels in particular. 

7. Seventh Embodiment 

[0138] A seventh embodiment according to the 
so present invention will now be described. The hardware 
structure of the seventh embodiment is the same as that 
of the fifth embodiment except that the sound source 
1 1 0 is not a waveform memory type sound source but a 
frequency modulation type sound source (FM sound 
55 source). Although the software structure is somewhat 
different from that of the fifth embodiment, only differ- 
ences will be described hereinafter. 
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(1 ) Waveform Data Generation Processing 

[01 39] In this embodiment, since the musical tone sig- 
nal is produced by the FM sound source system, the 
waveform data generation processing such as that in 5 
the fifth and sixth embodiments is not executed. 

(2) Usual Sounding control in Note-on-event 

Processing 

[0140] In this embodiment, when a note on event oc- 
curs, the note-on-event processing routine shown in 
FIG. 17(a) is activated as similar to the fifth embodiment. 
However, In this embodiment, when a pseudo low tone 
should not be generated, the usual sounding control 
subroutine shown in FIG. 21(a) is called in the step 
SQ10. 

[0141] When the processing advances to the step 
SQ52 in FIG, 21 (a), one vocalization channel is allocat- 
ed in the sound source 1 1 0. The channel number of this 
allocated vocalization channel is determined as a1. 
[0142] Subsequently, when the processing proceeds 
to the step SQ54, the musical tone parameters for the 
musical tone signal according to the timbre TC (PT) cor- 
responding to the part number PT, the note number NN 
and the velocity VEL are set with respect to the channel 
number a1 in the sound source. In general, the musical 
tone parameters of the FM sound source set to the 
sound source channel are prepared by adding correc- 
tion (scaling) according to the note number NN and the 
velocity VEL with respect to the basic musical tone pa- 
rameters for the musical tone signal based on the timbre 
data each set of which Is prepared for each timbre TC. 
Here, as the musical tone parameters, there are the fol- 
lowing types. 

(1 ) Algorithm 

[0143] In the FM sound source system adopted in this 
embodiment, an algorithm (connection state of n units 
of operators) is selected in accordance with the timbre 
TC (PT). Further, there are determined types of wave- 
form data used by each operator (the sine wave, the 
half-wave rectified waveform of the sine wave, the full- 
wave rectified vyaveform of the sine wave and others), 
pitch data for controlling a speed of advance of phase 
data for generating the waveform data (controlling the 
pitch of the waveform data), a multiplier factor relative 
to the pitch data for each operator (the speed of advance 
of the phase data in each operator Is controlled by a 
product of the multiplier factor and the pitch data), low- 
frequency modulation control data (controlling tremolo 
and others), an envelope parameter for controlling the 
envelope waveform given to the waveform data gener- 
ated by each operator, and others in accordance with 
the note number NN and the velocity VEL. As the con- 
tents of the algorithm, various kinds of contents can be 
considered. As a simple example, serial connection of 



"n = 2" operators 0P1 and 0P2 such as shown in FIG. 
13(a) can be considered. 

(2) Sound Volume Envelope Parameter 

[0144] The envelope given by an operator in the final 
stage of the algorithm (in the illustrative example, 0P2) 
corresponds to the sound volume envelope of the mu- 
sical tone signal outputted from the FM sound source. 
As described above, the envelope parameter of the en- 
velope is determined in accordance with the timbre TC 
(PT), the note number NN and the velocity VEL. 

(3) Other Parameters 

[0145] In case of effecting the filtering processing with 
respect to an output of the algorithm, the tone filter pa- 
rameter and others according to the timbre TC (PT), the 
note number NN and the velocity VEL are set. Further- 
more, a pitch envelope parameter for controlling the 
pitch envelope for fluctuating the pitch of the musical 
tone signal to be produced may be set in some cases. 
[0146] Subsequently, when the processing proceeds 
to the step SQ56, Initiation of vocalization is command- 
ed to the channel number a1 of the sound source. Then, 
the processing of the note on event is completed. There- 
after, in the sound source 110, the musical tone signal 
concerning the channel number a1 is sequentially gen- 
erated without including a pseudo low tone. Further- 
more, the musical tone signal is sounded through the 
sound system 112. Even if a frequency component not 
more than the lowest frequency is included in this mu- 
sical tone signal, this component is not reproduced by 
the sound system 1 1 2, and a user cannot hear that com- 
ponent. 

(3) Sounding control with Pseudo low tone in Note- 
on-event Processing 

[0147] When the processing advances to the step 
SQ12 in the note-on-event processing routine (FIG. 17 
(a)), the sounding control routine with a pseudo low tone 
shown in FIG. 21 (b) Is called. When the processing pro- 
ceeds to the step SQ62 in the flowchart the two vocali- 
zation channels are allocated In the sound source 110. 
The channel numbers of the allocated vocalization 
channels are determined as a1 and a2. Subsequently, 
when the processing proceeds to the step SQ63, the 
sound volume coefficient RVOL is determined based on 
the note number NN, the timbre TC (PT) and the sound 
volume coefficient characteristic (FIG. 16). 
[01 48] When the processing proceeds to the step SQ 
64, musical tone parameters for musical tone signals ac- 
cording to the timbre TC (PT) corresponding to the part 
number PT, the note number NN and the velocity VEL 
are set. The detail of the processing is similar to that in 
the above-described step SQ54. Subsequently, when 
the processing advances to the step SQ66, m units of 
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operators for pseudo low tones are assured in the chan- 
nel number a2 In accordance with the musical tone sig- 
nals to be generated in the channel number a1 , and their 
parameters are set. 

[0149] Here, as the musical tone parameters set for 5 
the pseudo low tone, there are the following types. 

(1) Algorithm 

[0150] In order to generate a pseudo low tone, an al- ?o 
gorithm (see FIG. 13(b)) having a structure in which two 
operators 0P3 and 0P4 are connected in parallel is set 
to the channel number a2. 

[0151] A frequency component less than the pseudo 
low tone start frequency Is included in the frequency is 
component of the musical tone signal to be generated 
in the channel number al . Here, it is assumed that an 
operator having a multiplier factor of the pitch data being 
1 among operators in the last stage of the channel 
number a1 generates the lowest tone. In this case, pitch 20 
data having a frequency f corresponding to the note 
number NN which is the same as that of the channel 
number a1 is set to the channel number a2, and each 
operator of the channel number a2 appropriately sets a 
multiplier factor, thereby generating a harmonic tone of 25 
that frequency f . In each operator, the pitch of the wave- 
form data to be generated becomes greater than the 
lowest frequency, and combinations of a plurality of mul- 
tiplier factors are set such that the greatest common fac- 
tor becomes T (for example, "2, 3", "3, 4". ...). As a 30 
result, the pitch frequencies of the signals to be actually 
generated are, for example, "2f, 3f", "3f , 4f" 

(2) Sound Volume Envelope Parameter 

35 

[0152] When the timbre TC (PT). the velocity VEL and 
the note number NN are specified, a sound volume en- 
velope parameter is determined in order to specify a 
sound volume envelope given to the operator for the 
pseudo low tone (in the illustrative example, OP3 and 40 
0P4). The relationship of the sound volume envelope 
between the channel number al and a2 is similar to that 
in the first and sixth embodiments. That is, the envelope 
parameter of the sound volume envelop which has the 
equal loudness relation with the sound volume envelope ^5 
for the irreproducible low-range component included in 
the musical tone signal generated by the channel al is 
set to each of the two operators of the channel number 
a2. Here, the envelope parameters set to the respective 
operators are different from each other in accordance so 
with the pitch of the waveform data to be generated by 
each parameter. 

(3) Other Parameters 

55 

[01 53] Besides, a tone filter parameter and others cor- 
responding to the note number NN and the velocity VEL 
are set. If the pitch envelope is set to the channel 



number a1 , setting the same pitch envelope to the chan- 
nel number a2 can cause the pitch for the pseudo low 
tone generated by the channel number a2 to follow fluc- 
tuations in the pitch of the musical tone signal generated 
by the channel number al. Here, the above-described 
musical tone parameter for the pseudo low tone can be 
created by the method similar to the musical tone pa- 
rameter for the musical tone signal. Specifically, the data 
for the pseudo low tone is first caused to be included in 
the tone data, each set of which is prepared for each 
timbre TC. Correction (scaling) according to the note 
number NN and the velocity VEL is then added to the 
basic musical tone parameter for the pseudo low tone 
included in the timbre data, thereby generating the mu- 
sical tone parameter for the pseudo low tone. 
[0154] Again referring to FIG. 21(b), when the 
processing proceeds to the step SQ58, initiation of vo- 
calization is commanded to the channel numbers a1 and 
a2 in the sound source. Then, the processing relative to 
the note on event is completed. Thereafter, the musical 
tone signal is sequentially generated without including 
the pseudo low tone In the channel number a1 of the 
sound source 110. In synchronization with this, the 
pseudo low tone signal according to the note number 
NN is sequentially produced in the channel number a2. 
When both the signals are sounded through the sound 
system 112, despite the fact that a frequency compo- 
nent less than the lowest frequency is not reproduced 
in the musical tone signal of the channel number al , a 
user has an illusion as if that frequency component is 
heard by the pseudo low tone of the channel number 
a2. Moreover, with respect to a frequency component 
which is not less than the lowest frequency and not more 
than the pseudo low tone start frequency, the pseudo 
low tone waveform is generated in accordance with the 
sound volume coefficient characteristic (FIG. 1 6) in such 
a manner that the sound volume coefficient RVOL de- 
creases as the frequency raises. Therefore, sudden- 
changes in sound quality relative to the note number NN 
can be eased in the vicinity of the lowest frequency. 

8. Eighth Embodiment 

[0155] An eighth embodiment according to the 
present invention will now be described. Although the 
hardware structure of the fourth embodiment is similar 
to that of the seventh embodiment, the software struc- 
ture is somewhat different from that of the seventh em- 
bodiment, and description will be hence given as to only 
differences. 

(1 ) Sounding control with Pseudo low tone in Note- 
on-event Processing 

[0156] In this embodiment, when the processing pro- 
ceeds to the step SQ1 2 in the note-on-event processing 
routine (FIG. 1 7(a)), the sounding control routine with a 
pseudo low tone shown in FIG. 21(c) is called. When 
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the processing advances to the step SQ72 in the flow- 
chart, one vocalization channel is allocated In the sound 
source 1 1 0. The channel number of the allocated vocal- 
ization channel is detemnined as a1. Subsequently, 
when the processing proceeds to the step SQ73, the 
sound volume coefficient RVOL is determined based on 
the note number NN, the timbre TC (PT) and the sound 
volume coefficient characteristic (FIG. 16). 
[0157] Subsequently, when the processing proceeds 
to the step SQ74, (m + n) units of operators are assured 
with respect to the channel number a1 in the sound 
source. Here, In this embodiment, it Is assumed that an 
FM sound source capable of changing a number of op- 
erators for each channel is used, "m" and "n" mean num- 
bers of operators for the usual vocalization and for the 
pseudo low tone in the above-mentioned seventh em- 
bodiment. Then, musical tone parameters according to 
the timbre TC (PT) corresponding to the part number 
PT, the note number NN and the velocity VEL are set to 
these operators. 

[0158] The algorithm set herein equals to one ob- 
tained by connecting the algorithm for the usual vocali- 
zation with the algorithm for the pseudo low tone in the 
seventh embodiment in parallel. FIG. 13(c) shows one 
example thereof. The setting of other musical tone pa- 
rameters is similar to that of the seventh embodiment. 
[0159] Subsequently, when the processing proceeds 
to the step SQ76, initiation of vocalization is command- 
ed to the channel number a1 in the sound source. Then, 
the processing for the note-on-event is completed. 
Thereafter, the musical tone signal including the pseudo 
low tone is sequentially produced In the channel number 
a1 of the sound source 110. 

[0160] As described above, a difference between the 
seventh and eighth embodiments lies in that two vocal- 
ization channels are assured or one vocalization chan- 
nel is assumed when effecting the sounding control with 
the pseudo low tone. A choice of either embodiment 
may be determined based on whether a maximum 
number of operators per one channel is not less than "n 
+ m". In the example shown in FIG. 13, if the maximum 
number of operators is "3", the structure of the seventh 
embodiment (FIGs. 13 (a) + (b)) must be necessarily 
adopted. Further, if the maximum number of operators 
is not less than "4", any of the embodiments can be 
adopted, but it is advantageous to adopt the eighth em- 
bodiment because a numberof channels can be restrict- 
ed. 

9. Ninth Embodiment 

[0161] A ninth embodiment according to the present 
invention will now be described. A hardware structure 
of the ninth embodiment is similar to that of the fifth em- 
bodiment except the sound source 110. However, when 
the note-on-event occurs, the processing similar to that 
In the steps SQ2 and SQ10 in FIG. 17(a) (steps SQ22 
to SQ26 in FIG. 1 7(b)) is executed. That is, the software 



processing is not changed regardless of whether the 
pseudo low tone Is to be generated In this embodiment. 
[01 62] Here, the structure of the sound source 1 1 0 in 
this embodiment will now be described with reference 
5 to FIG. 22. In FIG. 22(a). reference number 182 desig- 
nates an usual musical tone signal generation portion 
for generating an usual musical tone signal Including no 
pseudo low tone based on the note number NN, the tim- 
bre TC (PT) and the velocity VEL. The usual musical 
tone signal generation portion 1 82 may generate the 
musical tone signal by any system such as a waveform 
memory type sound source or an FM sound source. Ref- 
erence numeral 1 84 represents a pseudo low tone gen- 
eration portion for generating a pseudo low tone signal 
in real time with respect to the usual musical tone signal 
sequentially outputted from the usual musical tone sig- 
nal generation portion 182. 

[0163] Here, the structure of the pseudo low tone gen- 
eration portion 184 will now be described in detail with 
reference to FIG. 22(b). In the drawing, reference nu- 
meral 1 92 designates an LPF for extracting a compo- 
nent not more than the pseudo low tone start frequency 
from the usual musical tone signal. Reference numeral 
1 93 denotes a fundamental wave extraction portion for 
extracting a fundamental wave component from an out- 
put signal of the LPF 192. Reference numeral 194 des- 
ignates a overtone generation portion for generating a 
overtone wave of the fundamental wave component. 
For example, assuming that a frequency of the funda- 
mental wave component is f, the overtone generation 
portion 194 extracts overtone components 2f, 3f, 4f, ... 
Reference numeral 196 designates an equal loudness 
realization portion for adjusting an amplitude of each 
overtone component in accordance with an equal loud- 
ness contour so as to obtain the same sound volume as 
that of the fundamental wave component. Reference 
numeral 1 98 represents an addition portion for adding 
each overtone component subjected to amplitude ad- 
justment. 

[0164] Again referring to FIG. 22(a), reference numer- 
al 186 denotes a coefficient generation portion for out- 
putting a sound volume coefficient RVOL based on a 
note number NN, the timbre TC (PT) and the sound vol- 
ume coefficient characteristic (FIG. 16) supplied to the 
sound source 110. Reference numeral 185 designates 
a multiplication portion for multiplying the sound volume 
coefficient RVOL with the pseudo low tone signal out- 
putted from the pseudo low tone generation portion 1 84. 
Reference numeral 188 represents a mixer for mixing 
the usual musical tone signal with the pseudo low tone 
signal and outputting the mixed result to the sound sys- 
tem 112. 

[0165] According to this embodiment, since the pseu- 
do low tone signal is generated based on the usual mu- 
sical tone signal sequentially generated by the usual 
musical tone signal generation portion 1 82, the pseudo 
low tone can be produced without consuming further the 
vocalization channels or the musical tone generation 
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time slots in order to generate the pseudo low tone. Fur- 
thermore, with respect to a frequency component which 
is not less than the lowest frequency and not more than 
the pseudo low tone start frequency, the pseudo low 
tone waveform is generated in accordance with the s 
sound volume coefficient characteristic (FIG. 1 6) in such 
a manner that the sound volume coefficient RVOL in- 
creases as the frequency lowers. Accordingly, unease 
changes In sound quality relative to the note number NN 
can be eased in the vicinity of the lowest frequency. io 

Modifications 

[0166] The present invention is not restricted to the 
foregoing embodiments, and various modifications of is 
the present invention are possible as follows. 

(1) Although each of the above-described embodi- 
ments carries out the present invention on the port- 
able phone, the similar function may be used in var- 20 
lous kinds of electronic instruments such as an 
amusement machine, a personal computer, or other 
devices for generating musical tones. Further, the 
software used in these devices may be stored in a 
storage medium such as a CD-ROM or a floppy disk 25 
to be delivered, or may be delivered through a trans- 
mission path of network. 

(2) Although the coefficient generation portion 86 
calculates the sound volume coefficient RVOL 
based on the note number NN and the timbre TO 30 
(PT) in the ninth embodiment, a frequency of the 
fundamental wave component extracted in the fun- 
damental wave extraction portion 93 may be used 
instead. According to this structure, since the sound 
volume coefficient RVOL can be detemnlned with- 35 
out using the musical tone parameters inherent to 

the sound source, an appropriate pseudo low tone 
■ can be given to an audio signal outputted from a 
source other than the sound source (for example, a 
record disk, a CD, wired/wireless broadcasting, a 40 
magnetic tape and others), thereby enabling the 
present invention to be extensively applicable. 

(3) In each of the foregoing embodiments, a fre- 
quency (240 Hz) higher than the lowest frequency 
(120 Hz) by one octave is set as the pseudo low 
tone start frequency. However, the method for se- 
lecting the pseudo low tone start frequency Is not 
restricted thereto, and that frequency may be set as 
a frequency higher than the lowest frequency by 1 /2 
octave or 1/4 octave. so 

(4) In the above-described embodiments, a high 
pass filter for attenuating a frequency component 
not more than the lowest frequency which can be 
reproduced by the sound system may be provided 
between the sound source 110 and the sound sys- ss 
tem 112 so that the reproducible frequency compo- 
nent not more than the lowest frequency can be cut. 

As a result, the power consumption of an amplifier 



in the sound system 112 can be reduced. 

(5) If the sound source 110 is a PCM sound source 
provided with a waveform RAM, the pseudo low 
tone waveform may be generated by analyzing the 
existing waveform data. At this time, a user may se- 
lect or specify a reproducible lowest frequency, and 
the pseudo low tone waveform data may be auto- 
matically created based on the selected or specified 
lowest frequency. 

(6) When applying the present invention to an elec- 
tronic instrument, presetting of the pseudo low tone 
effect which matches with the sound system by a 
manufacturer is preferable if the present invention 
is incorporated in an electronic instrument provided 
with a sound system. In such a case, a plurality of 
types of setting may be prepared, and a user may 
select a preferable setting from them. On the other 
hand, in case of an electronic instrument provided 
with no sound system (for example, a synthesizer) 
or a sound source on a sound board of a personal 
computer, it Is impossible to provisionally specify 
the sound system. In this case, as similar to the fore- 
going embodiments, setting of the lowest frequency 
of the pseudo low tone effect, a quantity of attenu- 
ation, a quantity of amplitude compress and others 
may be executed by a personal computer on which 
a panel or a sound board of an electronic instrument 
is mounted. 

(7) In the foregoing embodiments, as parameters 
for generating a pseudo low tone, there are used 
the pseudo low tone start frequency, a quantity of 
attenuation (level LI in FIG. 7), and a quantity of 
amplitude compress of a pseudo low tone (level ra- 
tio L3/L2 in FIG. 7). However, the quantity of atten- 
uation and the quantity of amplitude compress may 
be determined as fixed parameters, and a pseudo 
low tone may be generated based on only the low- 
est frequency parameter. Alternatively, a pseudo 
low tone may be generated based on only the quan- 
tity of attenuation and the lowest frequency without 
taking changes In the amplitude compress in the 
pseudo low tone into consideration. 

(8) In the above embodiments, if any of a plurality 
of sound systems is selectively switched to be used, 
the pseudo low tone start frequency for each sound 
system may be previously stored, and the pseudo 
low tone effect may be automatically set in accord- 
ance with the switching situation of the sound sys- 
tem to be used. 

(9) The control data for controlling the pseudo low 
tone (pseudo low tone control data) may be includ- 
ed In a part of timbre data for each timbre. Moreover, 
a plurality of sets of pseudo low tone control data 
corresponding to different lowest frequencies may 
be Included in that timbre data. In such a case, when 
a user specifies a critical frequency of the sound 
system 1 1 2 in advance, the pseudo low tone control 
data which matches with that lowest frequency can 
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be thereafter automatically selected to be used by 
simply effecting the operation for selecting a timbre. 

(10) In the seventh and eighth embodiments using 
the FM sound source, although the algorithm hav- 
ing two operators being connected in parallel for s 
generating a pseudb low tone is used, any other al- 
gorithm may be used. 

For example, in case of using an algorithm hav- 
ing two operators connected in series, it is good 
enough to set pitch data having the same pitch as ?o 
that of a frequency of an irreproducible low-range 
component, generating waveform data with the 
same pitch as that of that frequency by the multiplier 
factor "1 " in the operator on a modulator side, and 
generating the wavefonm data with the pitch which is 
Is twofold of that of the frequency by the multiplier 
factor "2" in the operator on a carrier side. Applying 
frequency modulation to the waveform data having 
the double pitch by using the waveform data having 
the same pitch can generate a frequency compo- 20 
nent of a side band at Intervals of a frequency cor- 
responding to the same pitch with the double pitch 
in the center. It is possible to produce the pseudo 
low tone by using a carrier component having the 
double pitch and a side band component higher 25 
than the former pitch (having a pitch which is three- 
fold of a frequency of a Irreproducible low-range 
component). 

In this case, a sound volume ratio of the carrier 
. component and the side band component which is so 
higher by one unit is determined by an output level 
of the operator on the modulator side. In order to 
facilitate the control, it is preferable to cause no 
time-fluctuation of the envelope of the operator on 
the modulator side, i.e., detennlne the sound vol- 3S 
ume ratio as a fixed value. 

Moreover, as to the envelope of the operator on 
the carrier side, it is good enough to set the enve- 
lope parameter so that changes with time can occur 
while maintaining the relation of the sound volume ^0 
of the irreproducible low-range component and the 
equal loudness. 

(11 ) In the above-described embodiments, although 
the pseudo low tone is generated by the waveform 
memory type sound source or the FM type sound 
source, types of the sound source are not restricted ( 
to these two types. For example, In case of a sound 
source adopting the harmonic synthesis system or 

the partial sound synthesis system, one or more op- 
erators among a plurality of oscillators for each so 
channel can be used to produce the pseudo low 
tone. In case of a sound source adopting a ring 
modulation system, a overtone generated by the 
ring modulation of the two oscillator systems can be 
used as the pseudo low tone. In case of a sound ss 
source capable of effecting non-linear conversion 
of the wavefomn data, the pseudo low tone can be 
produced based on the overtone generated by the 
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non-linear conversion. Besides, the present inven- 
tion may be applied to a physical model sound 
source or an analog modeling sound source. 
(12) In the foregoing embodiments, although the 
pseudo low tone effect can be turned on/off, it may 
be set so as to be constantly in the on state. 

[0167] As described above, according to the present 
invention, since the first and second wavefomri signal 
are generated by making detemnination as to a specified 
pitch is not more than a predetermined critical pitch in 
connection with an electo-acoustic converter, it Is pos- 
sible to reduce a necessary quantity of arithmetic oper- 
ation while generating the pseudo low tone. 



Claims 

1. A method of generating waveform signals from a 
plurality of channels to sound a music tone through 
an electro-acoustic converter In response to sound- 
ing instruction Information, the method comprising: 

a receipt process (SP2) of receiving the sound- 
ing instruction information containing a desig- 
nated pitch effective to specify a pitch of the mu- 
sic tone; 

a determination process (SP6, SP8) of deter- 
mining whether or not the designated pitch is 
lower than a critical pitch which is predeter- 
mined in association with the electro-acoustic 
converter; 

a first generation process (SP10) of generating 
a first waveform slgnal containing a fundamen- 
tal tone corresponding to the designated pitch 
at least when the determination process deter- 
mines that the designated pitch Is not lower 
than the critical pitch; and 
a second generation process (SP1 2) of gener- 
ating a second waveform signal containing at 
least two overtones which are multiples of the 
fundamental tone and higher than the critical 
pitch, only when the determination process de- 
termines that the designated pitch is lower than 
. the critical pitch, thereby the second waveform 
signal providing a pseudo low tone below the 
critical pitch. 

2. The method according to claim 1 , wherein the first 
generation process generates the first waveform 
signal from a channel when the determination proc- 
ess determines that the designated pitch is not low- 
er than the critical pitch, 

and wherein the second generation process con- 
currently generates the overtones and the tones 
other than the overtones in the second waveform 
signal from two different channels when the deter- 
mination process detenmines that the designated 
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pitch is lower than the critical pitch so that the over- 
tones and the tones other than the overtones are 
mixed with each other to provide the music tone 
containing the pseudo low tone. 

5 

3. The method according to claim 1 , wherein when the 
detenmlnation process detemiines that the desig- 
nated pitch is not lower than the critical pitch, the 
first generation process generates the first wave- 
form signal by 

reading out first prestored wavefomn data and when 
the determination process determines that the des- 
ignated pitch is lower than the critical pitch, the sec- 
ond generation process generates the overtones 
and the tones other than the overtones In the sec- is 
ond waveform signal by 

reading out the first prestored waveform data and 

second prestored waveform data, the second gen- 
erating process further comprising a mix process of 
mixing the overtones and the tones other than the 20 
overtones with each other, thereby providing the 
music tone containing the pseudo low tone. 

4. The method according to claim 1 , wherein the first 
generation process does not generate the first 25 
waveform signal when the determination process 
determines that the designated pitch Is lower than 

the critical pitch, while the second generation proc- 
ess generates the second waveform signal contain- 
ing the first waveform signal as well as the over- 30 
tones, thereby providing the music tone containing 
the pseudo low tone. 

5. The method according to claim 1 , wherein the first 
generation process generates the first waveform 35 
signal by reading out first waveform data which is 
prestored and the second generation process gen- 
erates the second waveform signal by reading out 
second waveform data which is a mixture of the first 
waveform data and additional wavefomn data cor- 40 
responding to the overtones. 

6. The method according to claim 1 , wherein the first 
generation process generates the first waveform 
signal according to a waveform generation algo- 
rithm constituted by a plurality of operators, and the 
second generation process generates the second 
waveform signal according to another waveform 
generation algorithm constituted by a plurality of op- 
erators, the second generation process generating so 
the overtones through a parallel connections of the 
operators assigned to the respective ones of the 
overtones. 

7. The method according to claim 6, wherein the first ss 
generation process generates the first waveform 
signal by using operators belonging to a first chan- 
nel, and the second generation process generates 
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the second waveform signal by using operators be- 
longing to a second channel different than the first 
channel. 

8. The method according to claim 1 , further compris- 
ing: 

a coefficient generation process of generating 
a coefficient when the determination process 
determines that the designated pitch is lower 
than the critical pitch, such that the coefficient 
gradually decreases as a frequency of the sec- 
ond waveform signal increases and the pitch of 
the music tone rises; and 
a control process of controlling a level of the 
overtones contained in the second waveform 
signal according to the generated coefficient. 

9. The method according to claim 8, wherein said first 
generation process further comprising: 

a first allocation process of allocating a channel 
to the first waveform generation process 
among the plurality of the channels and setting 
the allocated channel with first tone generation 
parameters corresponding to the components 
of the first waveform signal, and 
a first output process commanding the allocat- 
ed channel to generate the first waveform sig- 
nal in response to the first tone generation pa- 
rameters, 

and wherein said second generation process fur- 
ther comprising: 

a second allocation process of allocating two 
channels to the second waveform generation 
process among the plurality of the channels 
and setting the allocated channel with second 
tone generation parameters corresponding to 
the overtones in the second waveform signal 
and third tone generation parameters corre- 
sponding to the tones other than the overtones 
in the second waveform signal, 

and a second output process of commanding the 
allocated channels to generate the overtones and 
the tones other than the overtones in the the second 
waveform signal concurrently in response to the 
second and third tone generation parameters. 

10. An apparatus for generating waveform signals from 
a plurality of channels to sound a music tone 
through an electro-acoustic converter in response 
to sounding instruction information, the apparatus 
comprising: 

receiver means for receiving (SP2) the sound- 
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ing instruction infonnation containing a desig- 
nated pitch effective to specify a pitch of the mu- 
sic tone. 

determination means for determining (SP6, 
SP8) whether or not the designated pitch is low- s 
er than a critical pitch which is predetermined 
in association with the electro-acoustic con- 
verter; 

first generator means for generating (SP10) a 
first waveform signal containing a fundamental 10 
tone corresponding to the designated pitch at 
least when the determination means deter- 
mines that the designated pitch is not lower 
than the critical pitch; and 

second generator means for generating (SP1 2) is 
a second waveform signal containing at least 
two overtones which are multiples of the funda- 
mental tone and higher than the critical pitch, 
only when the determination means deter- 
mines that the designated pitch is lower than 20 
the critical pitch, thereby the second waveform 
signal providing a pseude low tone below the 
critical pitch. 

11. The apparatus according to claim 10 further com- 25 
prising: 

coefficient generator means for generating a 
coefficient when the determination process de- 
termines that the designated pitch is lower than so 
the critical pitch, such that the coefficient grad- 
ually decreases as a frequency of the second 
waveform signal increases and the pitch of the 
music tone rises; and 

controller means for controlling a level of the 35 
overtones contained in the second waveform 
signal according to the generated coefficient. 

12. A machine readable medium for use in a music ap- 
paratus having a processor, the medium containing 40 
program instructions executable by the processor 

for causing the music apparatus to pertorm a meth- 
od of generating waveform signals from a plurality 
of channels to sound a music tone through an elec- 
tro-acoustic converter in response to sounding in- 45 
struction information, wherein the method compris- 
es: 

a receipt process (SP2) of receiving the sound- 
ing instruction information containing a desig- so 
nated pitch effective to specify a pitch of the mu- 
sic tone; 

a determination process (SP6, SP8) of deter- 
mining whether or not the designated pitch is 
lower than a critical pitch which is predeter- 55 
mined in association with the electro-acoustic 
converter; 

a first generation process (SP1 0) of generating 
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a first waveform signal containing a fundamen- 
tal tone corresponding to the designated pitch 
at least when the determination process deter- 
mines that the designated pitch is not lower 
than the critical pitch; and 
a second generation process (SP12) of gener- 
ating a second waveform signal containing at 
least two overtones which are multiples of the 
fundamental tone and higher than the critical 
pitch, only when the determination process de- 
termines that the designated pitch is lower than 
the critical pitch, thereby the second wavefomn 
signal providing a pseudo low tone below the 
critical pitch. 

13. The machine readable medium according to claim 
12, wherein the method further comprises: 

a coefficient generation process of generating 
a coefficient when the determination process 
determines that the designated pitch is lower 
than the critical pitch, such that the coefficient 
gradually decreases as a frequency of the sec- 
ond waveform signal increases and the pitch of 
the music tone rises; and 
a control process of controlling a level of the 
overtones contained in the second waveform 
signal according to the generated coefficient. 



Patentanspriiche 

1. Verfahren zur Wellenformsignalerzeugung aus ei- 
ner Vielzahl von Kanalen, um einen Musikton durch 
einen elektroakustischen Konvertierer im Anspre- 
chen auf eine Erklingens-Befehlsinformation zum 
Erklingen zu bringen, wobei das Verfahren folgen- 
des aufweist: 

einen Empfangsprozess (SP2) zum Empfan- 
gen der Erklingens-Befehlsinformation, die ei- 
ne bezeichnete Tonhdhe enthStt, die wirksam 
zum Spezifizieren einer Tonhohe eines Musik- 
tons ist; 

einen Ermittlungsprozess (SP6, SP8) zum Er- 
mitteln, ob die bezeichnete Tonhohe tiefer als 
eine kritische Tonhohe ist oder nicht, welche in 
Verbindung mit dem elektroakustischen Kon- 
vertierer vorgegeben wird; 
einen ersten Erzeugungsprozess (SP10) zum 
Erzeugen eines ersten Wellenformsignals mit 
einer Grundtonhohe, die wenigstens der be- 
zeichneten Tonhohe entspricht, wenn der Er- 
mittlungsprozess ermittelt, dass die bezeichne- 
te Tonhohe nicht tiefer als die kritische Tonhohe 
ist; und 

einen zweiten Erzeugungsprozess (SP1 2) zum 
Erzeugen eines zweiten Wellenformsignals mit 
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wenigstens zwei Obertonen, die Vielfache des 
Grundtons sind und hdher sind. ais die kritische 
Tonhohe, nur wenn der Ermittlungsprozess er- 
mitteit, dass die bezeiclinete Tonhohe tiefer ais 
die kritische Tonhohe ist, wobei das zweite We!- s 
lenfonmsignal einen Pseudo-Tiefton unter der 
kritlschen Tonhohe bereitstellt. 

2. Verfahren nach Anspruch 1 , bei dem der erste Er- 
zeugungsprozess das erste Wellenformsignal von io 
einem Kanal erzeugt, wenn der Enmittlungsprozess 
ernnlttelt, dass die bezeichnete Tonhohe nicht tiefer 

ais die kritische Tonhohe ist, und bei dem der zweite 
Erzeugungsprozess gleichzeitig die Obertone und 
Tone, die keine Obertone sind, in dem zweiten Wei- is 
lenformsignal von zwei unterschiedlichen Kanalen 
erzeugt, wenn der Ermittlungsprozess ermittelt, 
dass die bezeichnete Tonhohe tiefer ais die kriti- 
sche Tonhohe ist, so dass die Obertone und die To- 
ne, die keine Obertone sind, gemischt werden, urn 20 
einen Musikton mit einem Pseudo-Tiefton zu schaf- 
fen. 

3. Verfahren nach Anspruch 1 , bei dem, wenn der Er- 
mittlungsprozess ermittelt, dass die bezeichnete 25 
Tonhohe nicht tiefer ais die kritische Tonhohe ist, 
der erste Erzeugungsprozess das erste Wellen- 
formsignal durch Auslesen von ersten vorgespei- 
cherten Wellenformdaten erzeugt, und wenn der 
Ermittlungsprozess ermittelt, dass die bezeichnete 30 
Tonhohe tiefer ais die kritische Tonhohe ist, der 
zweite Erzeugungsprozess die Obertone und Tone, 

die keine Obertone sind, in dem zweiten Wellen- 
formsignal durch Auslesen der ersten vorgespei- 
cherten Wellenformdaten und zweiten vorgespei- 35 
cherten Wellenformdaten erzeugt, wobei der zweite 
Erzeugungsprozess femer einen Mischprozess 
zum Mischen der Obertone und der Tone, die keine 
Obertone sind, aufweist, wodurch der Musikton mit 
dem Pseudo-Tiefton geschaffen wird. 40 

4. Verfahren nach Anspruch 1 , bei dem der erste Er- 
zeugungsprozess das erste Wellenformsignal nicht 
erzeugt, wenn der Ermittlungsprozess ermittelt, 
dass die bezeichnete Tonhohe tiefer ais die kriti- 45 
sche Tonhohe ist, wahrend der zweite Erzeugungs- 
prozess das zweite Wellenformsignal erzeugt, das 
das erste Wellenformsignal ebenso wie die Oberto- 
ne enthait, wodurch der Musikton mit dem Pseudo- 
Tiefton geschaffen wird. so 

5. Verfahren nach Anspruch 1 , bei dem der erste Er- 
zeugungsprozess das erste Wellenformsignal 
durch Auslesen von ersten Wellenformdaten er- 
zeugt, welche vorgespeichert sind, und der zweite ss 
Erzeugungsprozess das zweite Wellenformsignal 
durch Auslesen der zweiten Wellenformdaten er- 
zeugt, welche eine MIschung aus ersten Welien- 
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formdaten und zusatzlichen Wellenformdaten, die 
den Obertonen entsprechen, sind. 

6. Verfahren nach Anspruch 1 , bei dem der erste Er- 
zeugungsprozess das erste Wellenformslgnai ent- 
sprechend einem Wellenformerzeugungsalgorith- 
mus erzeugt, der aus einer VIelzahl von Operatoren 
gebildet wird, und der zweite Erzeugungsprozess 
das zweite Wellenformsignal entsprechend einem 
anderen Wellenformerzeugungsalgorithmus er- 
zeugt, der aus einer Vielzahl von Operatoren gebil- 
det wird, wobei der zweite Erzeugungsprozess die 
Obertone durch Parallelverbindungen der Operato- 
ren, die dem jeweiligen der Obertone zugeordnet 
sind, erzeugt. 

7. Verfahren nach Anspruch 6, bei dem der erste Er- 
zeugungsprozess das erste Wellenformsignal mit- 
tels Verwendens von Operatoren erzeugt, die zu ei- 
nem ersten Kanal gehoren, und der zweite Erzeu- 
gungsprozess das zweite Wellenformsignal mittels 
Verwendens von Operatoren erzeugt, die zu einem 
zweiten Kanal gehoren, der unterschiedlich zu dem 
ersten Kanal ist. 

8. Verfahren nach Anspruch 1 , das ferner folgendes 
aufweist: 

einen Koeffizienten-Erzeugungsprozess zum 
Erzeugen eines Koeffizienten, wenn der Ermitt- 
lungsprozess ennittelt, dass die bezeichnete 
Tonhohe tiefer ais die kritische Tonhohe ist, so 
dass der Koeffizient allmahlich abnimmt, wenn 
eine Frequenz des zweiten Wellenformsignals 
zunimmt und die Tonhdhe des Musikton an- 
steigt; und 

einen Steuerprozess zum Steuern eines Pe- 
gels der Obertone, die in dem zweiten Wellen- 
formsignal enthalten sind, in Entsprechung zu 
dem erzeugten Koeffizienten. 

9. Verfahren nach Anspruch 8, bei dem der erste Er- 
zeugungsprozess ferner folgendes aufweist: 

einen ersten Zuordnungsprozess zum Zuord- 
nen von einem Kanal zu dem ersten Wellenfor- 
merzeugungsprozess aus der Vielzahl der Ka- 
nale und Einstellen des zugeordneten Kanals 
mit ersten Tonerzeugungsparametern,.die den 
Komponenten des ersten Wellenformsignals 
entsprechen, und 

einen ersten Ausgabeprozess, der den zuge- 
ordneten Kanalen befiehit, das erste Wellen- 
formsignal im Ansprechen auf die ersten Ton- 
erzeugungsparameter zu erzeugen, 
und wobei der zweite Erzeugungsprozess fer- 
ner folgendes aufweist: 
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einen zweiten Zuordnungsprozess zum 
Zuordnen von zwei Kanalen zu dem zwei- 
ten Wellenformerzeugungsprozess aus 
der Viefzahl der KanSIe und Einstellen der 
zugeordneten Kanale mil zweiten Toner- 5 
zeugungsparametem, die den Obertonen 
in dem zweiten Wellenfonmsignal entspre- 
chen, und dritten Tonerzeugungsparame- 
tem, die den Tonen, die keine Obertone 
sind, entsprechen, in das zweite Wellen- 
fonmsignal, und 

einen zweiten Ausgabeprozess, der den 
zugeordneten Kanalen befiehlt, die Ober- 
tone und Tone, die keine Obertone sind, in 
dem zweiten Weilenformsignal gieichzeitig is 
im Ansprechen auf die zweiten und dritten 
Tonerzeugungsparameter zu erzeugen. 

10. Vorrichtungzum Erzeugen von Wellenformsignalen 
aus einer Vielzahl von Kanalen, um einen Musikton 20 
durcli einen elektroakustischen Konvertierer im An- 
sprechen auf eine Erklingens-Befehlsinfomriation 
zum Erklingen zu bringen, wobei die Vorrichtung 
folgendes aufweist: 

25 

Empfangsmittel zum Empfangen (SP2) der Er- 
klingens-Befehlsinformation, die eine bezeich- 
nete Tonhohe enthalt, die wirksam zum Spezi- 
fizieren einer Tonhohe eines IVlusiktons ist; 
Ermittlungsmittel zum Ermittein (SP6, SP8), ob 30 
die bezeichnete Tonhohe tiefer als eine kriti- 
sche Tonhohe ist Oder nicht, welche in Verbin- 
dung mit dem elektroakustischen Konvertierer 
vorgegeben wird; 

erste Erzeugungsmittel zum Erzeugen (SP10) 35 
eines ersten Wellenformsignals mit einer 
Grundtonhohe, die wenlgstens der bezeichne- 
ten Tonhohe entspricht, wenn der Ermlttlungs- 
prozess ermittelt, dass die bezeichnete Tonho- 
he nicht tiefer als die kritische Tonhohe ist; und 40 
zweite Erzeugungsmittel zum Erzeugen 
(SP12) eines zweiten Wellenformsignals mit 
wenigstens zwei Obertonen, die Vielfache des 
Grundtons sind und hoher sind, als die kritische 
Tonhohe, nur wenn der Ermittlungsprozess er- 
. mittelt, dass die bezeichnete Tonhohe tiefer als 
die kritische Tonhohe ist, wobei das zweite Wei- 
lenformsignal einen Pseudo-Tiefton unter der 
kritlschen Tonhohe bereitstellt. 

50 

1 1 . Vorrichtung nach Anspruch 1 0, die ferner folgendes 
aufweist: 

Koeffizienten-Erzeugungsmittel zum Erzeugen 
eines Koeffizienten, wenn der Ermittlungspro- 55 
zess ermittelt, dass die bezeichnete Tonhohe 
tiefer als die kritische Tonhohe ist, so dass der 
Koeffizient allmahlich abnimmt, wenn eine Fre- 
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quenz des zweiten Wellenformsignals zunimmt 
und die Tonhohe des Musikton ansteigt; und 
Steuermittel zum Steuem eines Pegels der 
Obertone, die in dem zweiten Weilenformsignal 
enthalten sind, in Entsprechung zu dem er- 
zeugten Koeffizienten. 

12. Maschlnenlesbares Medium zur Verwendung in ei- 
ner Musikvorrichtung mit einem Prozessor, wobei 
das Medium durch den Prozessor ausfuhrbare Pro- 
grammbefehle enthalt, um zu veranlassen, dass die 
Musikvorrichtung ein Verfahren zum Erzeugen von 
Wellenfomnsignalen aus einer Vielzahl von Kanalen 
durchfuhrt, um einen Musikton durch einen elektro- 
akustischen Konvertierer im Ansprechen auf eine 
Erklingens-Befehlsinfomriation zum Erklingen zu 
bringen, wobei das Verfahren folgendes aufweist: 

einen Empfangsprozess (SP2) zum Empfan- 
gen der Erklingens-Befehlsinformation, die ei- 
ne bezeichnete Tonhohe enthalt, die wirksam 
zum Spezifizieren einer Tonhohe eines Musik- 
tons ist; 

einen Ermittlungsprozess (SP6, SP8) zum Er- 
mittein, ob die bezeichnete Tonhohe tiefer als 
eine kritische Tonhohe ist oder nicht, welche in 
Verblndung mit dem elektroakustischen Kon- 
vertierer vorgegeben wird; 
einen ersten Erzeugungsprozess (SP10) zum 
Erzeugen eines ersten Wellenformsignals mit 
einer Grundtonhohe, die wenigstens der be- 
zeichneten Tonhohe entspricht, wenn der Er- 
mittlungsprozess ermittelt, dass die bezeichne- 
te Tonhohe nicht tiefer als die kritische Tonhohe 
ist; und 

einen zweiten Erzeugungsprozess (SP12) zum 
Erzeugen eines zweiten Wellenfornasignals mit 
wenigstens zwei Obertonen, die Vielfache des 
Grundtons sind und hoher sind, als die kritische 
Tonhohe, nur wenn der Ermittlungsprozess er- 
mittelt, dass die bezeichnete Tonhohe tiefer als 
die kritische Tonhohe Ist, wobei das zweite Wei- 
lenformsignal einen Pseudo-Tiefton unter der 
kritlschen Tonhohe bereitstellt. 

13. Maschlnenlesbares Medium nach Anspruch 12, bei 
dem das Verfahren femer folgendes aufweist: 

einen Koeffizienten-Erzeugungsprozess zum 
Erzeugen eines Koeffizienten, wenn der Ermitt- 
lungsprozess ermittelt, dass die bezeichnete 
Tonhohe tiefer als die kritische Tonhohe Ist, so 
dass der Koeffizient allmahlich abnimmt, wenn 
eine Frequenz des zweiten Wellenformsignals 
zunimmt und die Tonhohe des Musikton an- 
steigt; und 

einen Steuerprozess zum Steuern eines Pe- 
gels der Obertone, die in dem zweiten Wellen- 
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formsignal enthalten sind, in Entsprechung zu 
dem erzeugten Koeffizienten. 



Revendications 

1 . Precede de generation de signaux en forme d'onde 
h partir d'une pluralite de canaux pour emettre un 
son musical par I'intermedlaire d'un convertisseur 
electro-acoustique en reponse a des informations 
d'instruction d'emission sonore, le procede 
comprenant : 

un processus de reception (SP2) consistant a 
recevoir les informations d'instruction d'emis- 
sion sonore contenant une hauteur de son de- 
signee ayant pour effet de specifier une hauteur 
de son du son musical ; 
un processus de determination (SP6, SP8) 
consistant a determiner si la hauteur de son de- 
signee est plus basse qu'une hauteur de son 
critique qui est predeterminee en association 
avec le convertisseur electro-acoustique ; 
un premier processus de generation (SP10) 
consistant a g^nerer un premier signal en for- 
me d'onde contenant un son fondamental cor- 
respondant a la 1 5 hauteur de son designee au 
moins lorsque le processus de determination 
determine que la hauteur de son designee n'est 
pas plus basse que la hauteur de son critique ; 
et 

un second processus de generation (SP12) 
consistant a generer un second signal en forme 
d'onde contenant au moins deux harmoniques 
superieurs 20 qui sont des multiples de la to- 
nalite fondamentate et plus hauts que la hau- 
teur de son critique, seulemeht lorsque le pro- 
cessus de determination determine que la hau- 
teur de son designee est plus basse que la hau- 
teur de son critique, le second signal en forme 
d'onde fournissant ainsi une pseudo tonalite 
basse en dessous de la hauteur de son critique. 

2. Procede selon la revendication 1 , dans lequel le 
premier processus de generation genere le premier 
signal en forme d'onde a partir d'un canal lorsque 
le processus de determination determine que la 
hauteur de son designee n'est pas plus basse que 
la hauteur de son critique, et dans lequel le second 
processus de generation genere simultanement les 
harmoniques superieurs 30 et les tonalites autres 
que les harmoniques superieurs dans le second si- 
gnal en forme d'onde a partir de deux canaux diffe- 
rents lorsque le processus de determination deter- 
mine que la hauteur de son designee est plus basse 
que la hauteur de son critique de telle sorte que les 
harmoniques superieurs et les tonalites autres que 
les harmoniques superieurs sont mixes entre eux 



pour foumir le son musical contenant la pseudo to- 
nalite basse. 

3. Procede selon la revendication 1 , dans lequel, lors- 

5 que le processus de determination determine que 
la hauteur de son designee n'est pas plus basse 
que la hauteur de son critique, le premier processus 
de generation genere le premier signal en forme 
d'onde en lisant des premieres donnees de forme 

10 d'onde preen registrees et, lorsque le processus de 
detenmination determine que la hauteur de son de- 
signee est plus basse que la hauteur de son criti- 
que, le second processus de generation genere les 
harmoniques superieurs et les tonalites autres que 

15 les hannoniques superieurs dans le second signal 
en forme d'onde en lisant les premieres donnees 
de forme d'onde preen registrees et les secondes 
donnees de fomne d'onde preenregistrees, le se- 
cond processus de generation comprenant en outre 

20 un processus de mixage des harmoniques supe- 
rieurs et des tonalites autres que les harmoniques 
superieurs les uns avec les autres. pour fournir ainsi 
le son musical contenant la pseudo tonalite basse. 

25 4. Precede selon la revendication 1, dans lequel le 
premier processus de generation ne genere pas le 
premier signal en forme d'onde lorsque le proces* 
sus de determination determine que la hauteur de 
son designee, est plus basse que la hauteur de son 

30 critique, tandis que le second processus de gene- 
ration genere le second signal en forme d'onde con- 
tenant le premier signal en fomne d'onde ainsi que 
les harmoniques superieurs, en fournissant ainsi le 
son musical contenant la pseudo tonalite basse. 

35 

5. Precede selon la revendication 1, dans lequel le 
premier processus de generation genere le premier 
signal en forme d'onde en lisant des premieres don- 
nees de forme d'onde qui sont preenregistrees et 

40 le second processus de generation genere le se- 
cond signal en forme d'onde en lisant des secondes 
donnees de forme d'onde qui sont un melange des 
premieres donnees de forme d'onde et des don- 
nees de forme d'onde supplementaires correspon- 

^ dant aux harmoniques superieurs. 

6. Procede selon la revendication 1, dans lequel le 
premier processus de generation genere le premier 
signal en forme d'onde selon un algorlthme de ge- 

50 neratlon de forme d'onde constitue d'une pluralite 
d'operateurs, et le second processus de generation 
genere le second signal en forme d'onde selon un 
autre algorithme de generation de forme d'onde 
constitue d'une pluralite d'operateurs, le second 

55 processus de generation generant les harmoniques 
superieurs par I'intermediaire de connexions paral- 
leles des operateurs affectes aux harmoniques su- 
perieurs respectifs. 
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7. Procede selon la revendication 6, dans lequel le 
premier processus de g§n6ratlon g§nere le premier 
signal en forme d'onde en utilisant des operateurs 
appartenant a un premier canal, et le second pro- 
cessus de generation genere le second signal en 
forme d'onde en utilisant des operateurs apparte- 
nant a un second canal different du premier canal. 

8. Procede selon la revendication 1 , comprenant en 
outre : 

un processus de g^n^ration de coefficient con- 
sistant a generer un coefficient lorsque le pro- 
cessus de determination detemiine que la hau- 
teur de son designee est plus basse que la hau- 
teur de son critique, de telle sorte que le coef- 
ficient diminue graduellement avec I'augmen- 
tation d'une frequence du second signal en for- 
me d'onde et avec I'elevation de la hauteur de 
son du son musical ; et 
un processus de commande consistant a com- 
mander un niveau des harmoniques sup^rieurs 
contenus dans le second signal en forme d'on- 
de conformement au coefficient genere. 

9. Procede selon la revendication 8, dans lequel ledit 
premier processus de generation comprend en 
outre : 

un premier processus d'allocation consistant a 
allouer un canal au premier processus de ge- 
neration de forme d'onde parmi la plurality de 
canaux et a definir le canal alloue avec des pre- 
miers parametres de generation de tonalite cor- 
respondant aux composantes du premier si- 
gnal en forme d'onde ; et 
un premier processus de sortie commandant 
au canal alloue de generer le premier signal en 
forme d'onde en r6ponse aux premiers para- 
metres de generation de tonalite ; et 

dans lequel ledit second processus de gene- 
ration comprend en outre : 



que les harmoniques superieurs dans le se- 
cond signal en fomne d'onde simultanement en 
reponse aux seconds et troisiemes parametres 
de generation de tonalites. 

5 

10. Appareil de generation de signaux en forme d'onde 
a partir d'une pluralite de canaux pour emettre un 
son musical par rintermediaire d'un convertisseur 
electro-acoustique en reponse a des infomnations 

10 d'instruction d'emisslon sonore. Tappareil 
comprenant : 

un moyen de reception (SP2) pour recevoir les 
informations d'instruction d'emisslon sonore 
IS contenant une hauteur de son designee ayant 

pour effet de specifier une hauteur de son du 
son musical ; 

un moyen de determination (SP6, SP8) pour 
determiner si la hauteur de son designee est 
^0 plus basse qu'une hauteur de son critique qui 

est predeterminee en association avec le con- 
vertisseur eiectro-acoustique ; 
un premier moyen generateur (SP1 0) pour ge- 
nerer un premier signal en forme d'onde confe- 
rs nant un son fondamental correspondent a la 
hauteur de son designee au moins lorsque le 
moyen de determination determine que la hau- 
teur de son designee n'est pas plus basse que 
la hauteur de son critique ; et 
30 - un second moyen generateur (SP1 2) pour ge- 
nerer un second signal en forme d'onde conte- 
nant au moins deux harmoniques superieurs 
qui sent des multiples de la tonalite fondamen- 
tale et plus hauts que la hauteur de son critique, 
35 seulement lorsque le moyen de determination 
detennine que la hauteur de son designee est 
plus basse que la hauteur de son critique, le 
second signal en forme d'onde fournissant ain- 
si une pseudo tonalite basse en dessous de la 
40 hauteur de son critique. 

11. Appareil selon la revendication 10, comprenant en 
outre : 



un second processus d'allocation consistant a 
allouer deux canaux au second processus de 
generation de forme d'onde parmi la pluralite 
de canaux et a definir le canal alloue avec des 
seconds parametres de generation de tonalite 
correspondant aux harmoniques superieurs 
dans le second signal en forme d'onde et des 
troisiemes parametres de generation corres- 
pondant aux tonalites autres que les harmoni- 
ques superieurs dans le second signal en for- 
me d'onde ; et 

un second processus de sortie consistant k 
commander aux canaux alloues de generer les 
harmoniques superieurs et les tonalites autres 
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un moyen generateur de coefficient pour gene- 
rer un coefficient lorsque le processus de de- 
termination determine que la hauteur de son 
designee est plus basse que la hauteur de son 
critique, de telle sorte que le coefficient diminue 
graduellement avec I'augmentation d'une fre- 
quence du second signal en forme d'onde et 
avec reievation de la hauteur de son du son 
musical ; et 

un moyen de commande pour commander un 
niveau des harmoniques superieurs contenus 
dans le second signal en forme d'onde confor- 
mement au coefficient genere. 
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12. Support lisible par machine prevu pour etre utilise 
dans un apparel) nnuslcal ayant un processeur, le 
support contenant des instructions de programme 
executables par le processeur pour faire executer 
par rapparell musical un procede de generation de s 
signaux en forme d'onde a partir d'une pluralite de 
canaux pour emettre un son musical par rintenn§- 
diaire d'un convertisseur electro-acoustique en re- 
ponse a des infomnations d'instruction d'emission 
sonore, dans lequel le proc§d^ comprend : io 

un processus de reception (SP2) consistant a 
recevoir les informations d'instruction d'emis- 
sion sonore contenant une hauteur de son de- 
signee ayant pour effet de specifier une hauteur 
de son du son musical ; 
un processus de detenninatlon (SP6, SP8) 
consistant a determiner si (a hauteur de son de- 
signee est plus basse qu'une hauteur de son 
critique qui est predeterminee en association 20 
avec le convertisseur electro-acoustique ; 
un premier processus de g6n§ration (SP10) 
consistant a generer un premier signal en for- 
me d'onde contenant un son fondamental cor- 
respondant a la hauteur de son designee au 25 
moins lorsque ie processus de determination 
determine que la hauteur de son designee n'est 
pas plus basse que la hauteur de son critique ; 
at 

un second processus de generation (SP12) 3o 
consistant a generer un second signal en fonne 
d'onde contenant au moins deux harmoniques 
superleurs qui sont des multiples de la tonalite 
fondamentale et plus hauts que la hauteur de 
son critique, seulement lorsque le processus 35 
de determination determine que la hauteur de 
son d^sign^e est plus basse que ia hauteur de 
son critique, le second signal en forme d'onde 
fournissant ainsi une pseudo tonalite basse en 
dessous de la hauteur de son critique. ^0 

13. Support lisible par machine selon la revendication 
12. dans lequel le proc§d§ comprend en outre : 

un processus de generation de coefficient con- 45 
sistant a generer un coefficient lorsque le pro- 
cessus de determination determine que la hau- 
teurde son designee est plus basse que ia hau- 
teur de son critique, de telle sorte que le coef- 
ficient diminue graduellement avec I'augmen- so 
tation d'une frequence du second signal en for- 
me d'onde et avec I'^levation de la hauteur de 
son du son musical ; et 
un processus de commande consistant a com- 
mander un niveau des harmoniques superieurs ss 
contenus dans le second signal en forme d'on- 
de conform^ment au coefficient g6n4r^. 
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FIG. 2(a) 
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FIG. 2(b) 
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FIG. 6(a) 

ORIGINAL WAVEFORM OF SAXOPHONE 
100- 




lOQi-T-i 



12863 13055 13247 13439 13631 
FIG. 6(b) 



PERIODIC COMPONENT 
100 




lOQii— i: 



12864 13056 13248 13440 13632 



FIG. 6(C) 



NOISE COMPONENT 
lOOi 



50- 



0 



50- 



100 



12864 13056 13248 13440 13632 



37 



EP1 168 296 B1 



FIG. 7 
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FIG. 1 1 
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FIG. 12(b) 
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FIG. 16 
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FIG. 17(a) 
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FIG. 18 
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FIG. 20 
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FIG. 21(b) 
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FIG. 22(a) 
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